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Description

TECHNICAL FIELD

[0001] This application relates to a method of audio
cancellation and a corresponding media playback sys-
tem.

BACKGROUND

[0002] A voice enabled device can receive a voice
command from a user to perform various functions, such
as playing audio. When audio is played using the voice
enabled device or around the voice enabled device, a
sound recorded using the voice enabled device may in-
clude not only the user’s voice command but also the
audio that is currently playing. In order for the voice en-
abled device to understand the voice command from the
user, it is desirable to accurately cancel or reduce from
the recording the ambient audio including the currently-
playing audio.
[0003] US 2017/0245079 discloses compensation for
speaker nonlinearities. A first signal may be received in-
dicative of audio to be played by a speaker. A second
signal may be received which comprises (i) a voice input
received by a microphone and (ii) at least a portion of the
audio played by the speaker at a same time that the mi-
crophone receives the voice input. Based on the first sig-
nal, nonlinearities output by the speaker that played the
audio may be determined. At least the nonlinearities from
the second signal may be removed to output a third signal
comprising substantially the voice input received at the
microphone.

SUMMARY

[0004] In general terms, the present disclosure is di-
rected to audio cancellation for voice recognition. Various
aspects are described in this disclosure, which include,
but are not limited to, the following aspects. According
to a first aspect, there is provided a method of audio can-
cellation as defined in claim 1. According to a second
aspect, there is provided a media playback system as
defined in claim 12.
[0005] One example, which is not claimed, is a method
of audio cancellation. The method may include generat-
ing an audio cue and playing the audio cue through a
sound system; generating a recording of sound using a
microphone; detecting the audio cue in the recording;
determining a time delay between the generation of the
audio cue and the time that the audio cue was recorded
in the recording; and using the calibration value to cancel
audio from subsequent recordings. In certain examples,
the method may further include storing a calibration value
based on the time delay.
[0006] In certain examples, the sound system may in-
clude a computing device and an audio output device
connected to the computing device via a wired or wireless

communication network. The audio output device may
operate to play the audio cue. The computing device may
include the microphone. In certain examples, the com-
puting device may be connected to the audio output de-
vice via Bluetooth. In certain examples, the computing
device includes a voice-enabled media playback device.
[0007] In certain examples, the method may include
transmitting time delay data to a server computing de-
vice. The time delay data may include the calibration val-
ue and information about at least one of the computing
device and the audio output device.
[0008] In certain examples, the method may include
transmitting media content through the sound system;
retrieving a reference signal and the calibration value;
generating a recording of sound using the microphone;
and canceling a signal of the media content from the re-
cording using the reference signal. The recording of
sound may include a user voice query. The reference
signal may be delayed based on the calibration value.
[0009] In certain examples, the method may include
prior to playing the audio cue, generating an announce-
ment that the computing device and the audio output de-
vice has been paired; and playing the announcement via
the audio output device.
[0010] In certain examples, the audio cue may be
played immediately after the computing device and the
audio output device has been paired.
[0011] In certain examples, the method may include
generating a second audio cue and playing the second
audio cue through the sound system; generating a re-
cording of sound using the microphone; detecting the
second audio cue in the recording; determining a second
time delay between the generation of the second audio
cue and the time that the second audio cue was recorded
in the recording; determining a second calibration value
based on the second time delay; determining a difference
between the calibration value and the second calibration
value; determining whether the difference is within a
threshold range; and upon determining that the differ-
ence is within the threshold range, maintaining the first
calibration value.
[0012] In certain examples, the method may include,
upon determining that the difference is not within the
threshold range, storing the second calibration value, and
using the second calibration value to cancel audio from
subsequent recordings.
[0013] In certain examples, the audio cue may include
a plurality of different tones, each tone played at a differ-
ent time. In certain examples, a Goertzel analysis of the
recording is performed based on the plurality of frequen-
cies. In certain examples, the Goertzel analysis may in-
clude determining a time position of a peak for each tone
frequency; measuring a time difference between the gen-
eration of the tone frequency and the recording of the
tone frequency for each tone frequency; and computing
a mean average of the time differences.
[0014] Another example, which is not claimed, is a me-
dia playback system. The system may include a sound
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system including a media playback device and an audio
output device. The media playback device may operate
to generate a media content signal. The audio output
device may be configured to play media content using
the media content signal. In certain examples, the sound
system may operate to generate an audio cue using the
media playback device; transmit the audio cue to the au-
dio output device; play the audio cue through the audio
output device; generate a recording of sound using the
media playback device; detect the audio cue in the re-
cording; determine a time delay between the generation
of the audio cue and the time that the audio cue was
recorded in the recording; and use the calibration value
to cancel audio from subsequent recordings. In certain
examples, the sound system may further operate store
a calibration value based on the time delay.
[0015] In certain examples, the media playback device
is paired with the audio output device via a wireless com-
munication network, such as Bluetooth.
[0016] In certain examples, prior to playing the audio
cue, the sound system may operate to generate an an-
nouncement that the computing device and the audio
output device has been paired, and play the announce-
ment via the audio output device.
[0017] In certain examples, the sound system may op-
erate to transmit time delay data to a server computing
device. The time delay data may include the calibration
value and information about at least one of the computing
device and the audio output device.
[0018] In certain examples, the sound system may op-
erate to transmit media content through the sound sys-
tem; retrieve a reference signal and the calibration value;
generate a recording of sound using the microphone; and
cancel a signal of the media content from the recording
using the reference signal. The recording of sound may
include a user voice query. The reference signal may be
delayed based on the calibration value.
[0019] In certain examples, the sound system may op-
erate to generate a second audio cue and playing the
second audio cue through the sound system; generate
a recording of sound using the microphone; detect the
second audio cue in the recording; determine a second
time delay between the generation of the second audio
cue and the time that the second audio cue was recorded
in the recording; determine a second calibration value
based on the second time delay; determine a difference
between the calibration value and the second calibration
value; determine whether the difference is within a
threshold range; upon determining that the difference is
within the threshold range, maintain the first calibration
value; and upon determining that the difference is not
within the threshold range, store the second calibration
value, and use the second calibration value to cancel
audio from subsequent recordings.
[0020] In certain examples, the audio cue comprises
a plurality of different tones, each tone played at a differ-
ent time. In certain examples, the sound system may
operate to determine a time position of a peak for each

tone frequency; measure a time difference between the
generation of the tone frequency and the recording of the
tone frequency for each tone frequency; and compute a
mean average of the time differences.
[0021] Yet another example, which is not claimed, is a
computer-readable medium having stored thereon in-
structions that, when executed by one or more proces-
sors cause execution of operations including at least one
of the steps of: generating an announcement that a com-
puting device and an audio output device has been
paired; playing the announcement via the audio output
device; generating an audio cue using the computing de-
vice; playing the audio cue through the audio output de-
vice; generating a recording of sound using a micro-
phone; detecting the audio cue in the recording; deter-
mining a time delay between the generation of the audio
cue and the time that the audio cue was recorded in the
recording; storing a calibration value based on the time
delay; transmitting time delay data to a server computing
device, the time delay data including the calibration value
and information about at least one of the computing de-
vice and the audio output device; and using the calibra-
tion value to cancel audio from subsequent recordings.
[0022] Yet another example, which is not claimed, is a
method of audio cancellation comprising: generating an
audio cue; playing the audio cue through a sound system
in a sound environment, wherein the audio cue is detect-
able over background noise in the sound environment;
generating a recording of sound using a microphone, the
recording of sound including the audio cue; detecting the
audio cue in the recording over the background noise in
the sound environment; determining a time delay be-
tween the generation of the audio cue and the time that
the audio cue was recorded in the recording by the sound
system; and using the calibration value to cancel audio
from subsequent recordings.
[0023] In certain examples, the audio cue may have a
first root mean square (RMS) higher than a second RMS
associated with the background noise.
[0024] In certain examples, the audio cue may have a
strong attack.
[0025] In certain examples, the audio cue can com-
prise two or more frequencies.
[0026] In certain examples, the audio cue may ema-
nate from a snare drum.
[0027] In certain examples, the background noise may
be a person talking.
[0028] In certain examples, the background noise may
be associated with an operation of a motor vehicle.
[0029] In certain examples, the background noise can
emanate from an engine, wind noise, or traffic.
[0030] In certain examples, the audio cue can com-
prise a plurality of audio signals, each signal played at a
different time.
[0031] In certain examples, the time that the audio cue
is detected in the recording occurs may be when a RMS-
to-peak ratio reaches or crosses a predetermined thresh-
old.
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[0032] In certain examples, the predetermined thresh-
old may be 30 dBs
[0033] In certain examples, the audio cue can repre-
sent two or more signals, and wherein the method further
comprises: averaging the time difference associated with
the two or more signals.
[0034] Yet another example, which is not claimed, is a
media playback system comprising: a sound system in-
cluding a media playback device and an audio output
device, the media playback device operable to generate
a media content signal, and the audio output device con-
figured to play media content using the media content
signal; and wherein the sound system is configured to:
generate an audio cue using the media playback device;
transmit the audio cue to the audio output device; play
the audio cue through the audio output device; generate
a recording of sound using the media playback device,
the recording of sound including the audio cue; detect
the audio cue in the recording by determining that a RMS-
to-peak ratio of the audio cue reaches a threshold; de-
termine a time delay between the generation of the audio
cue and the time that the audio cue was recorded in the
recording; and use the calibration value to cancel audio
from subsequent recordings.
[0035] In certain examples, the media playback device
can be paired with the audio output device via a wireless
communication network, such as Bluetooth®, or by a
wired connection, for example, through the auxiliary in-
put.
[0036] In certain examples, the sound system may be
configured to: generate a second audio cue and play the
second audio cue through the sound system; generate
a recording of sound using the microphone, the recording
of sound including the second audio cue; detect the sec-
ond audio cue in the recording by determining that a sec-
ond RMS-to-peak ratio of the second audio cue reaches
or crosses the threshold; determine a second time delay
between the generation of the second audio cue and the
time that the second audio cue was recorded in the re-
cording; determine a second calibration value based on
the second time delay; determine a difference between
the calibration value and the second calibration value;
determine whether the difference is within a threshold
range; upon determining that the difference is within the
threshold range, maintain the first calibration value; and
upon determining that the difference is not within the
threshold range, store the second calibration value, and
use the second calibration value to cancel audio from
subsequent recordings.
[0037] In certain examples, the audio cue can com-
prise a plurality of different signals, each signal played
at a different time, and wherein the sound system is con-
figured to: determine a time position when a RMS-to-
peak ratio reaches or crosses the threshold for each sig-
nal; measure a time difference between the generation
of each signal and the recording of each signal; and com-
pute a mean average of the time differences.

BRIEF DESCRIPTION OF THE DRAWINGS

[0038]

FIG. 1 illustrates an example media playback system
for providing media content to a user.
FIG. 2 is a block diagram of an example media play-
back device of the system shown in FIG. 1.
FIG. 3 is a block diagram of an example audio output
device of the system shown in FIG. 1.
FIG. 4 is a flowchart of an example method for can-
celing audio in the media playback system.
FIG. 5 is a flowchart of an example method for per-
forming a calibration operation of FIG. 4.
FIG. 6 is a flowchart of another example method for
performing the calibration operation of FIG. 4.
FIG. 7 illustrates an example method for determining
a calibration value as shown in FIG. 6 where an audio
cue includes a plurality of different tones.
FIG. 8 is a flowchart of an example method for per-
forming an audio cancellation operation of FIG. 4.
FIG. 9 is a flowchart of an example method for per-
forming a calibration validation and adaptation op-
eration of FIG. 4.
FIG. 10 illustrates an example method for performing
a voice process operation of FIG. 4.
FIG. 11 illustrates another example method for de-
termining a calibration value as shown in FIG. 6
where an audio cue includes a plurality of different
signals.
FIG. 12 illustrates an example signal used as an au-
dio cue in the method for determining a calibration
value as shown in FIG. 6 and Fig. 11.
FIG. 13 illustrates an example signal used as an au-
dio cue in the method for determining a calibration
value as shown in FIG. 6 and Fig. 11.
FIG. 14 illustrates example signals used as audio
cues in the method for determining a calibration val-
ue as shown in FIG. 6 and Fig. 11.
FIG. 15 is a flowchart of an example method for per-
forming signal detection in a calibration operation of
FIG. 4.

DETAILED DESCRIPTION

[0039] Various embodiments will be described in detail
with reference to the drawings, wherein like reference
numerals represent like parts and assemblies throughout
the several views.
[0040] In general, the present disclosure provides a
solution to cancel audio for voice recognition. In particu-
lar, the present disclosure relates to a voice enabled com-
puter system that can receive voice commands from a
user. In addition, the present disclosure relates to a media
playback system that provides media content to the user.
The playback system may be used in an automobile, in
a building, or in other environments.
[0041] In order for the voice enabled computer system
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to clearly record audio, such as an utterance of a user
query, it is desirable to cancel out from the recording any
other sound, such as audio currently being played or oth-
er ambient noise. For example, if the system is playing
music while the user is providing a voice command, the
audio that is received and recorded using the system
should be processed to reduce or subtract the music,
leaving only the user’s voice command. It should be noted
that the "utterance" can include a wake word and a com-
mand. A wake word is a word or phrase said by the user
that provides an indication to the system that the user
will follow with a command or request. For example, the
term "Alexa" with Amazon Echo devices is a wake word.
To detect a wake word, the system may use various tech-
niques to eliminate other sounds, besides the wake word,
to determine the user is about to enter a command. Here-
inafter, the term "utterance" may refer to the wake word,
the command, or both the wake word and the command.
[0042] "Near-end-echo" in an audio device happens
when a Down-Link (DL) media stream is played by a
speaker (built in or external) of a device, and a micro-
phone, possibly with the same device, records or picks
up the DL media stream together with an utterance (wake
word and command). The DL media stream can obscure
or distort the utterance when the microphone picks up
the DL media stream with the utterance. The obscuring
of the utterance can cause problems for a wake word
(WW) engine used to detect the various commands with
high reliability. As the DL media stream volume increases
compared to the user’s voice, the WW accuracy is re-
duced. The difference in volume between the target voice
stream and the DL stream (plus other noise) is referred
to as the Signal to Noise Ratio (SNR).
[0043] An echo canceller has the ability to suppress
the DL media stream from a combined Up-Link (UL) audio
when the DL signal - aka reference signal - is available
to an automatic echo cancellation (AEC) algorithm. In
other words, the system can store the UL signal. When
receiving the DL signal, the AEC algorithm can retrieve
the corresponding portion of the UL signal to cancel out
the DL media stream from the recorded signal to isolate
the voice of the user.
[0044] As the DL audio leaves the speaker element(s),
the playback of the DL audio stream can be affected by
the transfer function of the room. One important param-
eter in this transfer function is the delay of the reflected
DL audio that reaches the microphone after one or sev-
eral reflections on various surfaces. An AEC algorithm
is capable of handling delays up to a certain length. For
example, the AEC algorithm can use a sliding window
that compares the combined UL audio signal with a win-
dow of a delayed reference signal. The size of the delay-
window is typically up to 128ms. Longer delays than that
can be hard to process at recording the reference signal
consumes much more memory and processing power.
Further, the recording also reduces the user experience
as there can be significant latency that is perceived as a
slow and "laggy" user interface from when the user

makes the utterance to when the command is acted upon.
[0045] If the speaker and the microphone are placed
in the same device, the microphone will pick up both a
direct coupling signal, with close to no latency, plus mul-
tiple reflections that the AEC algorithm can suppress.
The speed of sound is 343m/s and assuming a room with
the longest reflections of 10m, the longest acoustical
echo of the DL signal is around 30ms. But there may also
be many shorter echoes caused by reflections with short-
er travel time.
[0046] As soon as additional signal processing is done
after the AEC, the latency can get significantly longer.
When playback is done through a receiver (e.g. via
S/PDIF, AUX or Bluetooth A2DP streaming) implement-
ing a Multi band Equalizer (EQ), the latency is prolonged
in the range of 5-6ms (assuming the EQ adds 256 sam-
ples of latency @ 44.1K, which is 0.005805 seconds).
The total room reflection + additional signal processing
related latency should still be acceptable for a standard
EC algorithm running in the system.
[0047] The worst scenario for an AEC is if there is non-
linear signal processing in an external equipment before
or in the speaker. This situation can make the AEC di-
verge causing an even worse signal for the WW and other
algorithms. Typical non-linear effects can be clipping or
other distortion in a heavily loaded amplifier or an over-
loaded speaker element. To compensate for the latency
and time delay in the signal from DL to UL, a calibration
of the system may occur that is based on a measured
time delay.
[0048] A challenge with typical systems relates to a
delay between the time of the media content being trans-
mitted for playback and the time of the media content
being actually played. For example, the audio that is be-
ing streamed from the system is not in sync with the audio
that is being emitted from a sound output device such as
a speaker. Such delay of the audio being emitted may
be significantly out of phase when the system that
streams the audio is connected wirelessly with the sound
output device, such as using a Bluetooth technology. In
certain applications, the delay in Bluetooth streaming can
be greater than, 4000 milliseconds; in some configura-
tions, the delay may be 100 to 200 milliseconds and, in
some configurations, may be a second or more. Further,
variations in different sound output devices and media
streaming systems can cause variations in how much
delay is present. Such huge delay introduces a challenge
to accurately synchronize between a reference signal for
audio cancellation and the sound signal detected by a
microphone of the system.
[0049] In other configurations, the system may be
wired and still experience a delay. The audio system may
use one of several interfaces, for example, AES3,
Sony/Philips Digital Interface (S/PDIF), etc. The interfac-
es may be connected physically with one of several types
of connectors and wires, for example, D-subminiature
(DB25) connectors, DIN connectors and mini-DIN con-
nectors, Euroblock "European-style terminal block" or
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"Phoenix connectors", screw terminal connectors, RCA
connectors, XLR connectors, etc.
[0050] Typical sound cancellation technologies utilize
a predetermined fixed delay period, which can be set up
at manufacturing stage. However, such a fixed delay val-
ue is neither adjustable at runtime nor adaptive to differ-
ent playback systems.
[0051] An audio cancellation solution in accordance
with the present disclosure solves the problems dis-
cussed above by utilizing a calibration step to detect and
measure the delay within a specific audio and wireless
(e.g., Bluetooth) or wired systems. The calibration step
includes generating and playing an audio cue, recording
the audio cue, and calculating a delay between the gen-
eration and the recording of the cue. The measured delay
can then be used to cancel particular audios from future
recordings. In certain examples, the audio cancellation
solution can include steps of paring the audio output de-
vice with a wireless media playback device (e.g., a Blue-
tooth device), generating an announcement to the user
that the audio output device has been paired, and playing
an audio cue immediately after the announcement to in-
itiate the calibration process. In certain examples, this
process may function to make the calibration process not
recognizable by the user and instead make it sound that
the audio cue is merely a tone that confirms that pairing
has been completely successfully. In certain examples,
the calibration process can be repeated periodically, and
if the calibration value is not determined to fall within a
threshold range, the calibration value can be updated.
[0052] FIG. 1 illustrates an example media playback
system 100 for providing media content to a user U. The
system 100 includes a sound system 102, a media de-
livery system 104, and a data communication network
106. The sound system 102 includes a media playback
device 112 and an audio output device 114. The media
playback device 112 includes an audio cancellation en-
gine 116 and a sound detection device 162. The audio
output device 114 includes a speaker 306 configured to
generate media output 124. An example user query 120
and a wireless communication network 126 are also
shown.
[0053] The sound system 102 is configured to provide
media content to the user U. In some embodiments, the
sound system 102 operates to receive media content
from the media delivery system 104, and play the media
content and generate the media output 124.
[0054] In some embodiments, the sound system 102
includes the media playback device 112 and the audio
output device 114.
[0055] The media playback device 112 operates to pro-
vide media content to a user U. As described herein, the
media playback device 112 operates to receive the user
query 120 and provide the media output 124 to the user
U according to the user query 120. As described herein,
the user query 120 can include a search request from
the user U to identify media content. In some embodi-
ments, the user query 120 can include a wake word pre-

ceding the search request. A wake word is a word or
phrase that triggers an interface of a device (e.g., the
media playback device 112) to listen for user commands
or queries. The user query 120 can be also referred to
herein as a search query, a search request, or the like.
In some embodiments, the user query 120 can be a text
that is typed using the media playback device 112 or
another computing device. In other embodiments, the
user query 120 can be a voice request received through
a sound detection device (e.g., a microphone).
[0056] In some embodiments, the media playback de-
vice 112 operates to communicate with a system external
to the media playback device 112, such as the media
delivery system 104. The media playback device 112 can
interact with the media delivery system 104 to process
the user query 120 and identify media content in re-
sponse to the user query 120. In some embodiments,
the media playback device 112 operates to receive the
media content that is identified and provided (e.g.,
streamed, transmitted, etc.) by the media delivery system
104. In some embodiments, the media playback device
112 operates to play the media content and generate the
media output 124 using a media output device (e.g., a
speaker) therein. In other embodiments, the media play-
back device 112 operates to transmit the media content
to another device for playback, such as a separate audio
output device 114 as illustrated in FIG. 1. An example of
the media playback device 112 is illustrated and de-
scribed in more detail herein, such as with reference to
FIG. 2.
[0057] In some embodiments, the media playback de-
vice 112 is a mobile device, such as a handheld or port-
able entertainment device, smartphone, tablet, watch,
wearable device, or any other type of computing device
capable of playing media content. In other embodiments,
the media playback device 112 is a laptop computer,
desktop computer, television, gaming console, set-top
box, network appliance, blue-ray or DVD player, media
player, stereo, or radio.
[0058] The audio output device 114 is configured to
generate audio to the user U. In some embodiments, the
audio output device 114 operates to receive a signal from
a computing device, such as the media playback device
112, and generate audio, such as media content, using
the signal. The audio output device 114 can be of various
types, such as an external speaker, a vehicle entertain-
ment system, a home entertainment system, and other
media playback devices. An example of the audio output
device 114 is illustrated and described in more detail
herein, such as with reference to FIG. 3.
[0059] In some embodiments, the audio output device
114 is incorporated in the media playback device 112
and integrally made with the media playback device 112.
In other embodiments, the media playback device 112
and the audio output device 114 are separately made
and connected each other in a wired configuration, such
as an auxiliary (AUX) output interface or a USB interface.
In other embodiments, as illustrated in FIG. 1, the media
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playback device 112 is wirelessly connected with the au-
dio output device 114, such as using Bluetooth, FM trans-
mission, and any other wireless communication interfac-
es.
[0060] The sound system 102 can be implemented in
various applications. By way of example, the sound sys-
tem 102 can be implemented in a vehicle audio system
where the audio output device 114 can be a vehicle audio
system and the media playback device 112 is paired with
the vehicle audio system via the wireless communication
network 126. In other examples, the sound system 102
can be implemented in a home or office environment
where the audio output device 114 is one or more speaker
devices and the media playback device 112 is paired with
the speaker devices via the wireless communication net-
work 126. Other examples are also possible.
[0061] The media delivery system 104 operates to pro-
vide media content to one or more media playback de-
vices, such as the sound system 102, the media playback
device 112, and/or the audio output device 114, via the
network 106. An example of the media delivery system
104 is illustrated and described in further detail herein,
such as with reference to FIG. 2.
[0062] The network 106 is a data communication net-
work that facilitates data communication between the
sound system 102 (e.g., the media playback device 112
and/or the audio output device 114) and the media de-
livery system 104. The network 106 typically includes a
set of computing devices and communication links be-
tween the computing devices. The computing devices in
the network 106 use the links to enable communication
among the computing devices in the network. The net-
work 106 can include one or more routers, switches, mo-
bile access points, bridges, hubs, intrusion detection de-
vices, storage devices, standalone server devices, blade
server devices, sensors, desktop computers, firewall de-
vices, laptop computers, handheld computers, mobile
telephones, vehicular computing devices, and other
types of computing devices.
[0063] In various embodiments, the network 106 in-
cludes various types of communication links. For exam-
ple, the network 106 can include wired and/or wireless
links, including cellular, Bluetooth®, Wi-Fi®, ultra-wide-
band (UWB), 802.11, ZigBee, near field communication
(NFC), an ultrasonic data transmission, and other types
of wireless links. Furthermore, in various embodiments,
the network 106 is implemented at various scales. For
example, the network 106 can be implemented as one
or more vehicle area networks, local area networks
(LANs), metropolitan area networks, subnets, wide area
networks (WAN) (such as the Internet), or can be imple-
mented at another scale. Further, in some embodiments,
the network 106 includes multiple networks, which may
be of the same type or of multiple different types.
[0064] Referring still to FIG. 1, in some embodiments,
the media playback device 112 includes the sound de-
tection device 162, such as a microphone. As described
herein, the sound detection device 162 operates to

record audio around the media playback device 112,
such as a user’s voice (e.g., the user query 120), the
media output 124, and other ambient sounds (e.g., am-
bient noise). An example of the sound detection device
162 is illustrated and described in further detail herein,
such as with reference to FIG. 2.
[0065] Referring still to FIG. 1, the media playback de-
vice 112 further includes the audio cancellation engine
116. The audio cancellation engine 116 operates audio
cancellation as described herein.
[0066] FIG. 2 is a block diagram of an example em-
bodiment of the media playback device 112 of the system
100 shown in FIG. 1. In this example, the media playback
device 112 includes a user input device 130, a display
device 132, a wireless data communication device 134,
a media content output device 140, a processing device
148, and a memory device 150.
[0067] The media playback device 112 operates to
play media content. For example, the media playback
device 112 is configured to play media content that is
provided (e.g., streamed or transmitted) by a system ex-
ternal to the media playback device 112, such as the
media delivery system 104, another system, or a peer
device. In other examples, the media playback device
112 operates to play media content stored locally on the
media playback device 112. In yet other examples, the
media playback device 112 operates to play media con-
tent that is stored locally as well as media content pro-
vided by other systems.
[0068] In some embodiments, the media playback de-
vice 112 is a handheld or portable entertainment device,
smartphone, tablet, watch, wearable device, or any other
type of computing device capable of playing media con-
tent. In other embodiments, the media playback device
112 is a laptop computer, desktop computer, television,
gaming console, set-top box, network appliance, blue-
ray or DVD player, media player, stereo, or radio.
[0069] The user input device 130 operates to receive
a user input 152 from a user U for controlling the media
playback device 112. As illustrated, the user input 152
can include a manual input 154 and a voice input 156.
In some embodiments, the user input device 130 includes
a manual input device 160 and a sound detection device
162.
[0070] The manual input device 160 operates to re-
ceive the manual input 154 for controlling playback of
media content via the media playback device 112. In
some embodiments, the manual input device 160 in-
cludes one or more buttons, keys, touch levers, switches,
and/or other mechanical input devices for receiving the
manual input 154. For example, the manual input device
160 includes a text entry interface, such as a mechanical
keyboard, a virtual keyboard, or a handwriting input de-
vice, which is configured to receive a text input, such as
a text version of the user query 120. In addition, in some
embodiments, the manual input 154 is received for man-
aging various pieces of information transmitted via the
media playback device 112 and/or controlling other func-
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tions or aspects associated with the media playback de-
vice 112.
[0071] The sound detection device 162 operates to de-
tect and record sounds from proximate the media play-
back device 112. For example, the sound detection de-
vice 162 can detect sounds including the voice input 156.
In some embodiments, the sound detection device 162
includes one or more acoustic sensors configured to de-
tect sounds proximate the media playback device 112.
For example, acoustic sensors of the sound detection
device 162 include one or more microphones. Various
types of microphones can be used for the sound detection
device 162 of the media playback device 112.
[0072] In some embodiments, the voice input 156 is a
user’s voice (also referred to herein as an utterance) for
controlling playback of media content via the media play-
back device 112. For example, the voice input 156 in-
cludes a voice version of the user query 120 received
from the sound detection device 162 of the media play-
back device 112. In addition, the voice input 156 is a
user’s voice for managing various data transmitted via
the media playback device 112 and/or controlling other
functions or aspects associated with the media playback
device 112.
[0073] In some embodiments, the sounds detected by
the sound detection device 162 can be processed by the
sound processing engine 180 of the media playback de-
vice 112 as described below.
[0074] Referring still to FIG. 2, the display device 132
operates to display information to the user U. Examples
of such information include media content playback in-
formation, notifications, and other information. In some
embodiments, the display screen 132 is configured as a
touch sensitive display and includes the manual input
device 160 of the user input device 130 for receiving the
manual input 154 from a selector (e.g., a finger, stylus
etc.) controlled by the user U. In some embodiments,
therefore, the display screen 132 operates as both a dis-
play device and a user input device. The touch sensitive
display screen 132 operates to detect inputs based on
one or both of touches and near-touches. In some em-
bodiments, the display screen 132 displays a graphical
user interface for interacting with the media playback de-
vice 112. Other embodiments of the display screen 132
do not include a touch sensitive display screen. Some
embodiments include a display device and one or more
separate user interface devices. Further, some embod-
iments do not include a display device.
[0075] The data communication device 134 operates
to enable the media playback device 112 to communicate
with one or more computing devices over one or more
networks, such as the network 106. For example, the
data communication device 134 is configured to commu-
nicate with the media delivery system 104 and receive
media content from the media delivery system 104 at
least partially via the network 106. The data communi-
cation device 134 can be a network interface of various
types which connects the media playback device 112 to

the network 106. Examples of the data communication
device 134 include wired network interfaces and wireless
network interfaces. Wireless network interfaces includes
infrared, BLUETOOTH® wireless technology,
802.11a/b/g/n/ac, and cellular or other radio frequency
interfaces in at least some possible embodiments. Ex-
amples of cellular network technologies include LTE,
WiMAX, UMTS, CDMA2000, GSM, cellular digital packet
data (CDPD), and Mobitex.
[0076] The media content output device 140 operates
to output media content. In some embodiments, the me-
dia content output device 140 generates the media output
122 for the user U. In some embodiments, the media
content output device 140 includes one or more embed-
ded speakers 164 which are incorporated in the media
playback device 112.
[0077] Alternatively or in addition, some embodiments
of the media playback device 112 include an external
speaker interface 166 as an alternative output of media
content. The external speaker interface 166 is configured
to connect the media playback device 112 to another
system, such as the audio output device 114, which has
one or more speakers, such as headphones, a portal
speaker, and a vehicle entertainment system, so that the
media output 122 is generated via the speakers of the
other system external to the media playback device 112.
[0078] In some embodiments, the external speaker in-
terface 166 can be a wired configuration, such as an au-
dio output jack, a USB port, and other wireless signal
transmission technology. In other embodiments, the ex-
ternal speaker interface 166 includes a wireless interface
168 configured for a wireless signal transmission. Exam-
ples of such wireless interface 168 for the external speak-
er interface 166 include a wireless interface 168, a Wi-
Fi transmitter, a near field communication (NFC), an ul-
trasonic data transmission, and other types of wireless
links. Other embodiments are possible as well. For ex-
ample, the external speaker interface 166 is configured
to transmit a signal that can be used to reproduce an
audio signal by a connected or paired device such as
headphones or a speaker.
[0079] The processing device 148, in some embodi-
ments, comprises one or more central processing units
(CPU). In other embodiments, the processing device 148
additionally or alternatively includes one or more digital
signal processors, field-programmable gate arrays, or
other electronic circuits.
[0080] The memory device 150 typically includes at
least some form of computer-readable media. The mem-
ory device 150 can include at least one data storage de-
vice. Computer readable media includes any available
media that can be accessed by the media playback de-
vice 112. By way of example, computer-readable media
includes computer readable storage media and compu-
ter readable communication media.
[0081] Computer readable storage media includes vol-
atile and nonvolatile, removable and non-removable me-
dia implemented in any device configured to store infor-
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mation such as computer readable instructions, data
structures, program modules, or other data. Computer
readable storage media includes, but is not limited to,
random access memory, read only memory, electrically
erasable programmable read only memory, flash mem-
ory and other memory technology, compact disc read
only memory, blue ray discs, digital versatile discs or oth-
er optical storage, magnetic storage devices, or any other
medium that can be used to store the desired information
and that can be accessed by the media playback device
112. In some embodiments, computer readable storage
media is non-transitory computer readable storage me-
dia.
[0082] Computer readable communication media typ-
ically embodies computer readable instructions, data
structures, program modules or other data in a modulated
data signal such as a carrier wave or other transport
mechanism and includes any information delivery media.
The term "modulated data signal" refers to a signal that
has one or more of its characteristics set or changed in
such a manner as to encode information in the signal.
By way of example, computer readable communication
media includes wired media such as a wired network or
direct-wired connection, and wireless media such as
acoustic, radio frequency, infrared, and other wireless
media. Combinations of any of the above are also includ-
ed within the scope of computer readable media.
[0083] The memory device 150 operates to store data
and instructions. In some embodiments, the memory de-
vice 150 stores instructions for a media content cache
172, a caching management engine 174, a media play-
back engine 176, a sound processing engine 180, a voice
interaction engine 182, and the audio cancellation engine
116.
[0084] Some embodiments of the memory device 150
include the media content cache 172. The media content
cache 172 stores media content items, such as media
content items that have been received from the media
delivery system 104. The media content items stored in
the media content cache 172 may be stored in an en-
crypted or unencrypted format. In some embodiments,
the media content cache 172 also stores metadata about
media content items such as title, artist name, album
name, length, genre, mood, era, etc. The media content
cache 172 can further store playback information about
the media content items and/or other information asso-
ciated with the media content items.
[0085] The caching management engine 174 is con-
figured to receive and cache media content in the media
content cache 172 and manage the media content stored
in the media content cache 172. In some embodiments,
when media content is streamed from the media delivery
system 104, the caching management engine 174 oper-
ates to cache at least a portion of the media content into
the media content cache 172. In other embodiments, the
caching management engine 174 operates to cache at
least a portion of media content into the media content
cache 172 while online so that the cached media content

is retrieved for playback while the media playback device
112 is offline.
[0086] The media playback engine 176 operates to
play media content to the user U. As described herein,
the media playback engine 176 is configured to commu-
nicate with the media delivery system 104 to receive one
or more media content items (e.g., through the media
stream 232, such as 232A, 232B, and 232C). In other
embodiments, the media playback engine 176 is config-
ured to play media content that is locally stored in the
media playback device 112.
[0087] In some embodiments, the media playback en-
gine 176 operates to retrieve one or more media content
items that are either locally stored in the media playback
device 112 or remotely stored in the media delivery sys-
tem 104. In some embodiments, the media playback en-
gine 176 is configured to send a request to the media
delivery system 104 for media content items and receive
information about such media content items for playback.
[0088] The sound processing engine 180 is configured
to receive sound signals obtained from the sound detec-
tion device 162 and process the sound signals to identify
different sources of the sounds received via the sound
detection device 162. In some embodiments, the sound
processing engine 180 operates to filter the user’s voice
input 156 (e.g., a voice request of the user query 120)
from noises included in the detected sounds. In some
embodiments, the sound processing engine 180 can use
the audio cancellation solution as described herein. In
other embodiments, other various noise cancellation
technologies, such as active noise control or canceling
technologies or passive noise control or cancelling tech-
nologies, can be used to filter the voice input from ambi-
ent noise. In examples, the sound processing engine 180
filters out omni-directional noise and preserves direction-
al noise (e.g., an audio input difference between two mi-
crophones) in audio input. In examples, the sound
processing engine 180 removes frequencies above or
below human speaking voice frequencies. In examples,
the sound processing engine 180 subtracts audio output
of the device from the audio input to filter out the audio
content being provided by the device. (e.g., to reduce the
need of the user to shout over playing music). In exam-
ples, the sound processing engine 180 performs echo
cancellation.
[0089] In other embodiments, the sound processing
engine 180 operates to process the received sound sig-
nals to identify the sources of particular sounds of the
sound signals, such as a user’s voice query, media con-
tent playback, people’s conversation, or other ambient
sounds, such as vehicle engine noise in a vehicle cabin.
[0090] In some embodiments, the sound processing
engine 180 at least partially operates to analyze a re-
cording of sounds captured using the sound detection
device 162, using speech recognition technology to iden-
tify words spoken by the user. In addition or alternatively,
other computing devices, such as the media delivery sys-
tem 104 (e.g., a voice interaction server 204 thereof) can
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cooperate with the media playback device 112 for such
analysis. The words may be recognized as commands
from the user that alter the playback of media content
and/or other functions or aspects of the media playback
device 112. In some embodiments, the words and/or the
recordings may also be analyzed using natural language
processing and/or intent recognition technology to deter-
mine appropriate actions to take based on the spoken
words. Additionally or alternatively, the sound processing
engine 180 may determine various sound properties
about the sounds proximate the media playback device
112 such as volume, dominant frequency or frequencies,
etc. These sound properties may be used to make infer-
ences about the environment proximate to the media
playback device 112.
[0091] The voice interaction engine 182 operates to
cooperate with the media delivery system 104 (e.g., a
voice interaction server 204 thereof) to identify a com-
mand (e.g., a user intent) that is conveyed by the voice
input 156. In some embodiments, the voice interaction
engine 182 transmits the user’s voice input 156 that is
detected by the sound processing engine 180 to the me-
dia delivery system 104 so that the media delivery system
104 operates to determine a command intended by the
voice input 156. In other embodiments, at least some of
the determination process of the command can be per-
formed locally by the voice interaction engine 182. Where
the voice input 156 includes a wake word, the wake word
can also be processed similarly.
[0092] In addition, some embodiments of the voice in-
teraction engine 182 can operate to cooperate with the
media delivery system 104 (e.g., the voice interaction
server 204 thereof) to provide a voice assistant that per-
forms various voice-based interactions with the user,
such as voice feedbacks, voice notifications, voice rec-
ommendations, and other voice-related interactions and
services.
[0093] As described herein, the audio cancellation en-
gine 116 operates to perform audio cancellation de-
scribed herein. For example, example operations that
can be performed at least partially by the audio cancel-
lation engine 116 are illustrated herein, such as with ref-
erence to FIG. 4.
[0094] Referring still to FIG. 2, the media delivery sys-
tem 104 includes a media content server 200, a media
content search server 202, a voice interaction server 204,
and a user command interpretation server 206.
[0095] The media delivery system 104 comprises one
or more computing devices and provides media content
to the media playback device 112 and, in some embod-
iments, other media playback devices as well. In addition,
the media delivery system 104 interacts with the media
playback device 112 to provide the media playback de-
vice 112 with various functionalities.
[0096] In at least some embodiments, the media con-
tent server 200, the media content search server 202,
the voice interaction server 204, and the user command
interpretation server 206 are provided by separate com-

puting devices. In other embodiments, the media content
server 200, the media content search server 202, the
voice interaction server 204, and the user command in-
terpretation server 206 are provided by the same com-
puting device(s). Further, in some embodiments, at least
one of the media content server 200, the media content
search server 202, the voice interaction server 204, and
the user command interpretation server 206 is provided
by multiple computing devices. For example, the media
content server 200, the media content search server 202,
the voice interaction server 204, and the user command
interpretation server 206 may be provided by multiple
redundant servers located in multiple geographic loca-
tions.
[0097] Although FIG. 2 shows a single media content
server 200, a single media content search server 202, a
single voice interaction server 204, and a single user
command interpretation server 206, some embodiments
include multiple media content servers, media content
search servers, voice interaction servers, and user com-
mand interpretation servers. In these embodiments,
each of the multiple media content servers, media con-
tent search servers, voice interaction servers, and user
command interpretation servers may be identical or sim-
ilar to the media content server 200, the media content
search server 202, the voice interaction server 204, and
the user command interpretation server 206, respective-
ly, as described herein, and may provide similar function-
ality with, for example, greater capacity and redundancy
and/or services from multiple geographic locations. Al-
ternatively, in these embodiments, some of the multiple
media content servers, the media content search serv-
ers, the voice interaction servers, and/or the user com-
mand interpretation servers may perform specialized
functions to provide specialized services. Various com-
binations thereof are possible as well.
[0098] The media content server 200 transmits stream
media to media playback devices such as the media play-
back device 112. In some embodiments, the media con-
tent server 200 includes a media server application 212,
a processing device 214, a memory device 216, and a
data communication device 218. The processing device
214 and the memory device 216 may be similar to the
processing device 148 and the memory device 150, re-
spectively, which have each been previously described.
Therefore, the description of the processing device 214
and the memory device 216 are omitted for brevity pur-
poses.
[0099] The data communication device 218 operates
to communicate with other computing devices over one
or more networks, such as the network 106. Examples
of the data communication device include one or more
wired network interfaces and wireless network interfac-
es. Examples of such wireless network interfaces of the
data communication device 218 include wireless wide
area network (WWAN) interfaces (including cellular net-
works) and wireless local area network (WLANs) inter-
faces. In other examples, other types of wireless inter-
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faces can be used for the data communication device
218.
[0100] In some embodiments, the media server appli-
cation 212 is configured to stream media content, such
as music or other audio, video, or other suitable forms of
media content. The media server application 212 in-
cludes a media stream service 222, a media application
interface 224, and a media data store 226. The media
stream service 222 operates to buffer media content,
such as media content items 230A, 230B, and 230N (col-
lectively 230), for streaming to one or more media
streams 232A, 232B, and 232N (collectively 232).
[0101] The media application interface 224 can receive
requests or other communication from media playback
devices or other systems, such as the media playback
device 112, to retrieve media content items from the me-
dia content server 200. For example, in FIG. 2, the media
application interface 224 receives communication from
the media playback device 112 to receive media content
from the media content server 200.
[0102] In some embodiments, the media data store
226 stores media content items 234, media content meta-
data 236, media contexts 238, user accounts 240, and
taste profiles 242. The media data store 226 may com-
prise one or more databases and file systems. Other em-
bodiments are possible as well.
[0103] As discussed herein, the media content items
234 (including the media content items 230) may be au-
dio, video, or any other type of media content, which may
be stored in any format for storing media content.
[0104] The media content metadata 236 provides var-
ious information associated with the media content items
234. In addition or alternatively, the media content meta-
data 236 provides various information associated with
the media contexts 238. In some embodiments, the me-
dia content metadata 236 includes one or more of title,
artist name, album name, length, genre, mood, era, etc.
[0105] The media content metadata 236 operates to
provide various pieces of information (also referred to
herein as attribute(s)) associated with the media content
items 234 and/or the media contexts 238. In some em-
bodiments, the media content metadata 236 includes one
or more of title, artist name, album name, length, genre,
mood, era, etc.
[0106] In some embodiments, the media content meta-
data 236 includes acoustic metadata, cultural metadata,
and explicit metadata. The acoustic metadata may be
derived from analysis of the track and refers to a numer-
ical or mathematical representation of the sound of a
track. Acoustic metadata may include temporal informa-
tion such as tempo, rhythm, beats, downbeats, tatums,
patterns, sections, or other structures. Acoustic metada-
ta may also include spectral information such as melody,
pitch, harmony, timbre, chroma, loudness, vocalness, or
other possible features. Acoustic metadata may take the
form of one or more vectors, matrices, lists, tables, and
other data structures. Acoustic metadata may be derived
from analysis of the music signal. One form of acoustic

metadata, commonly termed an acoustic fingerprint, may
uniquely identify a specific track. Other forms of acoustic
metadata may be formed by compressing the content of
a track while retaining some or all of its musical charac-
teristics.
[0107] The cultural metadata refers to text-based in-
formation describing listeners’ reactions to a track or
song, such as styles, genres, moods, themes, similar art-
ists and/or songs, rankings, etc. Cultural metadata may
be derived from expert opinion such as music reviews or
classification of music into genres. Cultural metadata
may be derived from listeners through websites, chat-
rooms, blogs, surveys, and the like. Cultural metadata
may include sales data, shared collections, lists of fa-
vorite songs, and any text information that may be used
to describe, rank, or interpret music. Cultural metadata
may also be generated by a community of listeners and
automatically retrieved from Internet sites, chat rooms,
blogs, and the like. Cultural metadata may take the form
of one or more vectors, matrices, lists, tables, and other
data structures. A form of cultural metadata particularly
useful for comparing music is a description vector. A de-
scription vector is a multi-dimensional vector associated
with a track, album, or artist. Each term of the description
vector indicates the probability that a corresponding word
or phrase would be used to describe the associated track,
album or artist.
[0108] The explicit metadata refers to factual or explicit
information relating to music. Explicit metadata may in-
clude album and song titles, artist and composer names,
other credits, album cover art, publisher name and prod-
uct number, and other information. Explicit metadata is
generally not derived from the music itself or from the
reactions or opinions of listeners.
[0109] At least some of the metadata 236, such as ex-
plicit metadata (names, credits, product numbers, etc.)
and cultural metadata (styles, genres, moods, themes,
similar artists and/or songs, rankings, etc.), for a large
library of songs or tracks can be evaluated and provided
by one or more third party service providers. Acoustic
and cultural metadata may take the form of parameters,
lists, matrices, vectors, and other data structures. Acous-
tic and cultural metadata may be stored as XML files, for
example, or any other appropriate file type. Explicit meta-
data may include numerical, text, pictorial, and other in-
formation. Explicit metadata may also be stored in an
XML or other file. All or portions of the metadata may be
stored in separate files associated with specific tracks.
All or portions of the metadata, such as acoustic finger-
prints and/or description vectors, may be stored in a
searchable data structure, such as a k-D tree or other
database format.
[0110] Referring still to FIG. 2, each of the media con-
texts 238 is used to identify one or more media content
items 234. In some embodiments, the media contexts
238 are configured to group one or more media content
items 234 and provide a particular context to the group
of media content items 234. Some examples of the media
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contexts 238 include albums, artists, playlists, and indi-
vidual media content items. By way of example, where
a media context 238 is an album, the media context 238
can represent that the media content items 234 identified
by the media context 238 are associated with that album.
[0111] As described above, the media contexts 238
can include playlists 239. The playlists 239 are used to
identify one or more of the media content items 234. In
some embodiments, the playlists 239 identify a group of
the media content items 234 in a particular order. In other
embodiments, the playlists 239 merely identify a group
of the media content items 234 without specifying a par-
ticular order. Some, but not necessarily all, of the media
content items 234 included in a particular one of the play-
lists 239 are associated with a common characteristic
such as a common genre, mood, or era.
[0112] In some embodiments, a user can listen to me-
dia content items in a playlist 239 by selecting the playlist
239 via a media playback device, such as the media play-
back device 112. The media playback device then oper-
ates to communicate with the media delivery system 104
so that the media delivery system 104 retrieves the media
content items identified by the playlist 239 and transmits
data for the media content items to the media playback
device for playback.
[0113] In some embodiments, the playlist 239 includes
one or more playlist descriptions. The playlist descrip-
tions include information associated with the playlist 239.
The playlist descriptions can include a playlist title. In
some embodiments, the playlist title can be provided by
a user using the media playback device 112. In other
embodiments, the playlist title can be provided by a media
content provider (or a media-streaming service provider).
In yet other embodiments, the playlist title can be auto-
matically generated.
[0114] Other examples of playlist descriptions include
a descriptive text. The descriptive text can be provided
by the user and/or the media content provider, which is
to represent the corresponding playlist 239. In other em-
bodiments, the descriptive text of the playlist description
can be obtained from one or more other sources. Such
other sources can include expert opinion (e.g., music re-
views or classification of music into genres), user opinion
(e.g., reviews through websites, chatrooms, blogs, sur-
veys, and the like), statistics (e.g., sales data), shared
collections, lists of favorite playlists, and any text infor-
mation that may be used to describe, rank, or interpret
the playlist or music associated with the playlist. In some
embodiments, the playlist descriptions can also be gen-
erated by a community of listeners and automatically re-
trieved from Internet sites, chat rooms, blogs, and the like.
[0115] In some embodiments, the playlist descriptions
can take the form of one or more vectors, matrices, lists,
tables, and other data structures. A form of cultural meta-
data particularly useful for comparing music is a descrip-
tion vector. A description vector is a multi-dimensional
vector associated with a track, album, or artist. Each term
of the description vector indicates the probability that a

corresponding word or phrase would be used to describe
the associated track, album or artist. Each term of the
description vector indicates the probability that a corre-
sponding word or phrase would be used to describe the
associated track, album or artist.
[0116] In some embodiments, the playlist 239 includes
a list of media content item identifications (IDs). The list
of media content item identifications includes one or more
media content item identifications that refer to respective
media content items 234. Each media content item is
identified by a media content item ID and includes various
pieces of information, such as a media content item title,
artist identification (e.g., individual artist name or group
name, or multiple artist names or group names), and me-
dia content item data. In some embodiments, the media
content item title and the artist ID are part of the media
content metadata 236, which can further include other
attributes of the media content item, such as album name,
length, genre, mood, era, etc. as described herein.
[0117] At least some of the playlists 239 may include
user-created playlists. For example, a user of a media
streaming service provided using the media delivery sys-
tem 104 can create a playlist 239 and edit the playlist
239 by adding, removing, and rearranging media content
items in the playlist 239. A playlist 239 can be created
and/or edited by a group of users together to make it a
collaborative playlist. In some embodiments, user-creat-
ed playlists can be available to a particular user only, a
group of users, or to the public based on a user-definable
privacy setting.
[0118] In some embodiments, when a playlist is creat-
ed by a user or a group of users, the media delivery sys-
tem 104 operates to generate a list of media content items
recommended for the particular user or the particular
group of users. In some embodiments, such recommend-
ed media content items can be selected based at least
on the taste profiles 242 as described herein. Other in-
formation or factors can be used to determine the rec-
ommended media content items. Examples of determin-
ing recommended media content items are described in
U.S. Patent Application Serial No. 15/858,377, titled ME-
DIA CONTENT ITEM RECOMMENDATION SYSTEM,
filed December 29, 2017.
[0119] In addition or alternatively, at least some of the
playlists 239 are created by a media streaming service
provider. For example, such provider-created playlists
can be automatically created by the media delivery sys-
tem 104. In some embodiments, a provider-created play-
list can be customized to a particular user or a particular
group of users. By way of example, a playlist for a par-
ticular user can be automatically created by the media
delivery system 104 based on the user’s listening history
(e.g., the user’s taste profile) and/or listening history of
other users with similar tastes. In other embodiments, a
provider-created playlist can be configured to be availa-
ble for the public in general. Provider-created playlists
can also be sharable with other users.
[0120] The user accounts 240 are used to identify us-
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ers of a media streaming service provided by the media
delivery system 104. In some embodiments, a user ac-
count 240 allows a user to authenticate to the media de-
livery system 104 and enable the user to access resourc-
es (e.g., media content items, playlists, etc.) provided by
the media delivery system 104. In some embodiments,
the user can use different devices to log into the user
account and access data associated with the user ac-
count in the media delivery system 104. User authenti-
cation information, such as a username, an email ac-
count information, a password, and other credentials, can
be used for the user to log into his or her user account.
It is noted that, where user data is to be protected, the
user data is handled according to robust privacy and data
protection policies and technologies. For instance, when-
ever personally identifiable information and any other in-
formation associated with users is collected and stored,
such information is managed and secured using security
measures appropriate for the sensitivity of the data. Fur-
ther, users can be provided with appropriate notice and
control over how any such information is collected,
shared, and used.
[0121] The taste profiles 242 contain records indicating
media content tastes of users. A taste profile can be as-
sociated with a user and used to maintain an in-depth
understanding of the music activity and preference of that
user, enabling personalized recommendations, taste
profiling and a wide range of social music applications.
Libraries and wrappers can be accessed to create taste
profiles from a media library of the user, social website
activity and other specialized databases to obtain music
preferences.
[0122] In some embodiments, each taste profile 242
is a representation of musical activities, such as user
preferences and historical information about the users’
consumption of media content, and can include a wide
range of information such as artist plays, song plays,
skips, dates of listen by the user, songs per day, playlists,
play counts, start/stop/skip data for portions of a song or
album, contents of collections, user rankings, preferenc-
es, or other mentions received via a client device, or other
media plays, such as websites visited, book titles, movies
watched, playing activity during a movie or other pres-
entations, ratings, or terms corresponding to the media,
such as "comedy," etc.
[0123] In addition, the taste profiles 242 can include
other information. For example, the taste profiles 242 can
include libraries and/or playlists of media content items
associated with the user. The taste profiles 242 can also
include information about the user’s relationships with
other users (e.g., associations between users that are
stored by the media delivery system 104 or on a separate
social media site).
[0124] The taste profiles 242 can be used for a number
of purposes. One use of taste profiles is for creating per-
sonalized playlists (e.g., personal playlisting). An API call
associated with personal playlisting can be used to return
a playlist customized to a particular user. For example,

the media content items listed in the created playlist are
constrained to the media content items in a taste profile
associated with the particular user. Another example use
case is for event recommendation. A taste profile can be
created, for example, for a festival that contains all the
artists in the festival. Music recommendations can be
constrained to artists in the taste profile. Yet another use
case is for personalized recommendation, where the con-
tents of a taste profile are used to represent an individ-
ual’s taste. This API call uses a taste profile as a seed
for obtaining recommendations or playlists of similar art-
ists. Yet another example of taste profile use case is re-
ferred to as bulk resolution. A bulk resolution API call is
used to resolve taste profile items to pre-stored identifiers
associated with a service, such as a service that provides
metadata about items associated with the taste profile
(e.g., song tempo for a large catalog of items). Yet an-
other example use case for taste profiles is referred to
as user-to-user recommendation. This API call is used
to discover users with similar tastes by comparing the
similarity of taste profile item(s) associated with users.
[0125] A taste profile 242 can represent a single user
or multiple users. Conversely, a single user or entity can
have multiple taste profiles 242. For example, one taste
profile can be generated in connection with a user’s me-
dia content play activity, whereas another separate taste
profile can be generated for the same user based on the
user’s selection of media content items and/or artists for
a playlist.
[0126] Referring still to FIG. 2, the media content
search server 202 operates to perform media content
search in response to a media content search request,
such as the user query 120 (FIG. 1). In some embodi-
ments, the media content search server 202 includes a
media content search application 250, a processing de-
vice 252, a memory device 254, and a data communica-
tion device 256. The processing device 252, the memory
device 254, and the data communication device 256 may
be similar to the processing device 214, the memory de-
vice 216, and the data communication device 218, re-
spectively, which have each been previously described.
[0127] In some embodiments, the media content
search application 250 operates to interact with the me-
dia playback device 112 and provide selection of one or
more media content items based on the user query 120.
The media content search application 250 can interact
with other servers, such as the media content server 200,
the voice interaction server 204, and the user command
interpretation server 206, to perform media content
search.
[0128] Referring still to FIG. 2, the voice interaction
server 204 operates to provide various voice-related
functionalities to the media playback device 112. In some
embodiments, the voice interaction server 204 includes
a voice recognition application 270, a speech synthesis
application 272, a processing device 274, a memory de-
vice 276, and a data communication device 278. The
processing device 274, the memory device 276, and the
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data communication device 278 may be similar to the
processing device 214, the memory device 216, and the
data communication device 218, respectively, which
have each been previously described.
[0129] In some embodiments, the voice recognition
application 270 and the speech synthesis application
272, either individually or in combination, operate to in-
teract with the media playback device 112 and enable
the media playback device 112 to perform various voice-
related functions, such as voice media content search,
voice feedback, voice notifications, etc.
[0130] In some embodiments, the voice recognition
application 270 is configured to perform speech-to-text
(STT) conversion, such as receiving a recording of voice
command (e.g., an utterance) and converting the utter-
ance to a text format.
[0131] In some embodiments, the speech synthesis
application 272 is configured to perform text-to-speech
(TTS) conversion, so that a language text is converted
into speech. Then, the voice interaction server 204 can
transmit an audio data or file for the speech to the media
playback device 112 so that the media playback device
112 generates a voice assistance to the user using the
transmitted audio data or file.
[0132] Referring still to FIG. 2, the user command in-
terpretation server 206 operates to analyze the user com-
mand (e.g., the utterance) to determine appropriate ac-
tions to take according to the user command. In some
embodiments, the user command interpretation server
206 analyzes a text version of a user command (e.g., a
text version of the utterance). In other embodiments, a
recording of the user command can be used for such
analysis without converting into a text format.
[0133] In some embodiments, the user command in-
terpretation server 206 includes a natural language un-
derstanding (NLU) application 280, a processing device
282, a memory device 284, and a data communication
device 286. The processing device 282, the memory de-
vice 284, and the data communication device 286 may
be similar to the processing device 214, the memory de-
vice 216, and the data communication device 218, re-
spectively, which have each been previously described.
[0134] In some embodiments, the NLU application 280
operates to analyze the text format of the utterance to
determine functions to perform based on the utterance.
The NLU application 280 can use a natural language
understanding algorithm that involves modeling human
reading comprehension, such as parsing and translating
an input according to natural language principles.
[0135] FIG. 3 is a block diagram of an example em-
bodiment of the audio output device 114. In this example,
the audio output device 114 includes a main unit 302, an
amplifier 304, and a speaker 306.
[0136] The main unit 302 is configured to receive a
user input and generate media content from various
sources. In this example, the main unit 302 includes a
wireless communication device 312, a wired input device
314, a processing device 316, a memory device 318, a

user input assembly 320, a display device 322, and a
stored media interface assembly 324.
[0137] The wireless communication device 312 oper-
ates to communicate with other devices (e.g., the media
playback device 112) using wireless data signals, and
receive media content signals from such other devices.
The received signals can then be used to generate media
output by the audio output device 114. The wireless com-
munication device 312 can include one or more of a
BLUETOOTH transceiver and a Wi-Fi transceiver. The
wireless data signal may comprise a media content signal
such as an audio or video signal. In some embodiments,
the wireless communication device 312 is used to enable
the audio output device 114 to wirelessly communicate
with the media playback device 112 and receive a signal
from the media playback device 112 via the wireless com-
munication network 126 (FIG. 2).
[0138] The wired input device 314 provides an inter-
face configured to receive a cable for providing media
content and/or commands. The wired input device 314
includes an input connector 340 configured to receive a
plug extending from a media playback device for trans-
mitting a signal for media content. In some embodiments,
the wired input device 314 can include an auxiliary input
jack (AUX) for receiving a plug from a media playback
device that transmits analog audio signals. The wired
input device 314 can also include different or multiple
input jacks for receiving plugs from media playback de-
vices that transmit other types of analog or digital signals
(e.g., USB, HDMI, Composite Video, YPbPr, and DVI).
In some embodiments, the wired input device 314 is also
used to receive instructions from other devices.
[0139] The processing device 316 operates to control
various devices, components, and elements of the audio
output device 114. The processing device 316 can be
configured similar to the processing device 148 (FIG. 2)
and, therefore, the description of the processing device
316 is omitted for brevity purposes.
[0140] In some embodiments, the processing device
316 operates to process the media content signal re-
ceived from the media playback device 112 and convert
the signal to a format readable by the audio output device
114 for playback.
[0141] The memory device 318 is configured to store
data and instructions that are usable to control various
devices, components, and elements of the audio output
device 114. The memory device 318 can be configured
similar to the memory device 150 (FIG. 2) and, therefore,
the description of the memory device 318 is omitted for
brevity purposes.
[0142] The user input assembly 320 includes one or
more input devices for receiving user input from users
for controlling the audio output device 114. In some em-
bodiments, the user input assembly 320 includes multiple
knobs, buttons, and other types of input controls for ad-
justing volume, selecting sources and content, and ad-
justing various output parameters. In some embodi-
ments, the various input devices are disposed on or near
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a front surface of the main unit 302. Where implemented
in a vehicle, the various input devices can also be dis-
posed on the steering wheel of the vehicle or elsewhere.
Additionally or alternatively, the user input assembly 320
can include one or more touch sensitive surfaces, which
can be incorporated in the display device 322.
[0143] The display device 322 displays information. In
some embodiments, the display device 322 includes a
liquid crystal display (LCD) panel for displaying textual
information about content and/or settings of the audio
output device 114. The display device 322 can also in-
clude other types of display panels such as a light emitting
diode (LED) panel. In some embodiments, the display
device 322 can also display image or video content.
[0144] The stored media interface assembly 324 reads
media content stored on a physical medium. In some
embodiments, the stored media interface assembly 324
comprises one or more devices for reading media content
from a physical medium such as a USB drive, flash drive,
compact disc, or cassette tape.
[0145] The amplifier 304 operates to amplify a signal
received from the main unit 302 and transmits the am-
plified signal to the speaker 306. In this manner, the me-
dia output 124 can be played back at a greater volume.
The amplifier 304 may include a power source to power
the amplification.
[0146] The speaker 306 operates to produce an audio
output (e.g., the media output 124) based on an electronic
signal. The speaker 306 can include one or more em-
bedded speakers 330 incorporated in the main unit 302
of the audio output device 114. In some embodiments,
separate signals are received for at least some of the
speakers (e.g., to provide stereo or surround sound).
[0147] In addition or alternatively, the speaker 306 can
include one or more external speakers 332 which are
arranged outside or separately from the main unit 302 of
the audio output device 114. Where implemented in a
vehicle, users may bring one or more external speakers
332 into different locations (e.g., within a vehicle cabin)
and connect the external speakers 332 to the main unit
302 using a wired interface or a wireless interface. In
some embodiments, the external speakers 332 can be
connected to the main unit 302 using BLUETOOTH. Oth-
er wireless protocols can be used to connect the external
speakers 332 to the main unit 302. In other embodiments,
a wired connection (e.g., a cable) can be used to connect
the external speakers 332 to the main unit 302. Examples
of the wired connection include an analog or digital audio
cable connection and a universal serial bus (USB) cable
connection. The external speaker 332 can also include
a mechanical apparatus for attachment to a structure of
the vehicle.
[0148] FIG. 4 is a flowchart of an example method 400
for canceling audio in the media playback system 100,
which is not claimed. In some embodiments, the method
400 is used to perform audio cancellation when the media
playback device 112 is wirelessly connected to the audio
output device 114. It is understood however that the

method 400 can also be used to perform audio cancel-
lation in other applications, such as when the media play-
back device 112 is wired to the audio output device 114,
when the audio output device 114 is integrated with the
media playback device 112, or when the media playback
device 112 performs both generation and recording of
sound without the audio output device 114.
[0149] The method 400 can begin at operation 402 in
which the media playback device 112 is paired with the
audio output device 114. In some embodiments, the me-
dia playback device 112 is paired with audio output de-
vice 114 using a BLUETOOTH interface. In other em-
bodiments, other wireless technologies can be used to
connect the media playback device 112 with the audio
output device 114.
[0150] In some embodiments, when the media play-
back device 112 is paired with the audio output device
114, the media playback device 112 generates a notifi-
cation to inform the user U that the pairing process has
been completed. The notification can be of various for-
mats. In some embodiments, the notification can be an
audio statement (e.g., "Your device is now paired.") or a
sound which is provided via the media playback device
112 and/or the audio output device 114. In some embod-
iments, the audio cue that is described herein can replace
the notification and be used to inform that the pairing has
been completed while being used for the calibration proc-
ess. In these embodiments, the calibration process can
be hidden from the user, and the user will not recognize
the fact that the calibration process is happening and will
only think that the pairing process has been performed
and completed.
[0151] In other embodiments, the notification can be a
visual object, such as an icon, symbol, statement, etc.,
which can be displayed on the media playback device
112 and/or the audio output device 114.
[0152] At operation 404, the sound system 102, which
includes the media playback device 112 and the audio
output device 114, is calibrated for audio cancellation.
As described herein, when a wired or wireless connection
is implemented in the sound system 102, such a connec-
tion introduces a significant time delay between audio
being generated and the audio being reproduced. The
time delay makes it difficult to filter a desired sound (e.g.,
a user’s voice command) from an audio recording without
using a large amount of memory and/or CPU computa-
tion.
[0153] The calibration process at the operation 404 al-
lows accurately determining a delay between the time of
audio being transmitted from the media playback device
112 and the time of the audio being generated at the
audio output device 114. The determined delay can be
used to cancel undesired audio from the sound recorded
at the media playback device 112 so that a user’s voice
query can be effectively and clearly identified from the
sound recording, without requiring significant computing
and memory resources. Determining the delay allows for
the "filter" to be separated into two components. First, a
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large bulk delay can eliminate the unwanted part of the
signal in the time periods around when the user’s voice
is received. The bulk delay filter is generally easier to
implement (and less costly in computational resources).
Further, the large bulk delay filter can be computed by a
processor that may have larger memory capacity (to
store the larger portion of the signal) but fewer available
processing cycles available. The second component is
a smaller unknown filter that can filter the unwanted
sounds during the user’s voice command. The smaller
unknown filter is harder to implement and thus more cost-
ly in computation resources. The smaller unknown filter
may be implemented on a digital signal processor (DSP)
where the system has less memory but more computing
power. In other embodiments, the calibration can be per-
formed to determine other delays in the sound system
102. An example of the calibration operation is illustrated
and described in more detail herein, such as with refer-
ence to FIGS. 5-7.
[0154] At operation 406, audio cancelation is per-
formed for the sound system 102 while the sound system
102 is in operation. The audio cancellation is operated
to cancel undesired audio from the sound recorded at
the media playback device 112 and identify desired audio
from the sound recording. By way of example, the user
can provide a voice query at the media playback device
112 while media content is being played at the audio
output device 114. The sound recorded at the media play-
back device 112 can include a mixed signal of the media
content and the user’s voice query. The audio cancela-
tion process can cancel the signal of the media content
from the sound recording and thus identify the voice que-
ry clearly. An example of the audio cancellation operation
is illustrated and described in more detail herein, such
as with reference to FIG. 8.
[0155] At operation 408, the calibration performed at
the operation 404 is validated and adapted while the
sound system 102 is in operation. In some embodiments,
the time delay detected at the calibration operation is
validated in the operation of the sound system 102. In
addition, the time delay can be adjusted to be adapted
to the real-time operation of the sound system 102. For
example, the time delay can be verified to determine if it
is within a tolerable range. If the time delay determined
at the operation 404 is not within such a range, the time
delay is adjusted for improved audio cancellation. An ex-
ample of the validation and adaptation operation is illus-
trated and described in more detail herein, such as with
reference to FIG. 9.
[0156] At operation 410, when the user query is iden-
tified from the sound recording, a voice process is per-
formed based on the identified user query. An example
of the voice process is illustrated and described in more
detail herein, such as with reference to FIGS. 10.
[0157] FIG. 5 is a flowchart of an example method 430
for performing the calibration operation of FIG. 4, which
is not claimed. In some embodiments, the method 430
is performed by the sound system 102 including the me-

dia playback device 112 and the audio output device 114.
The sound system 102 can execute the method 430 with
or without communicating with at least one other com-
puting device, such as the media delivery system 104.
[0158] As illustrated in FIG. 5, the method 430 can be
performed once the media playback device 112 is paired
with the audio output device 114 (at the operation 402)
using a wireless communication, such as BLUETOOTH.
[0159] In some embodiments, the method 430 is per-
formed automatically once the pairing has been complet-
ed. For example, the method 430 is executed for calibra-
tion as part of an activation process when the media play-
back device 112 is connected with the audio output de-
vice 114 for the first time. In other examples, the method
430 can be performed every time that the media playback
device 112 is connected with the audio output device
114. In yet other examples, the method 430 can be per-
formed periodically or randomly when the media play-
back device 112 is connected with the audio output de-
vice 114.
[0160] In other embodiments, the method 430 can be
performed upon user request. For example, the media
playback device 112 provides a user settings menu that
includes an audio calibration option. The user may
choose the audio calibration option from the settings
menu to initiate the method 430. In embodiments where
media content is being played in the sound system 102,
the media content can be paused or stopped when the
audio calibration option is selected. Alternatively, the me-
dia content being currently played can continue to be
played while the method 430 is performed.
[0161] In some embodiments, the method 430 can be
performed before the audio cancellation operation 406
(FIG. 4) is executed. In other embodiments, if the audio
cancellation operation 406 has been performed, the
method 430 can be performed when the audio cancella-
tion operation 406 (FIG. 4) is paused or stopped. The
audio cancellation operation 406 can resume or restart
when the method 430 has been completed.
[0162] Referring still to FIG. 5, the method 430 can
begin at operation 432 in which the sound system 102
generates an audio cue 450. In some embodiments, the
media playback device 112 operates to generate the au-
dio cue 450, and transmit the audio cue 450 to the audio
output device 114 via the wireless communication net-
work 126 (FIG. 1).
[0163] In some embodiments, the audio cue 450 can
have a characteristic suitable for audio calibration. For
better results, the audio cue 450 and the analysis tech-
nique used for calibration can both be insensitive to dis-
tortion. For example, the audio cue 450 has non-station-
ary and/or non-repeating statistics that are insensitive to
distortion produced by the sound system 102. One ex-
ample of the audio cue 450 includes a simple Dirac im-
pulse, which can be modeled by a Dirac delta function.
In embodiments where the media playback device 112
and the audio output device 114 are wirelessly connect-
ed, as described herein, a time delay value (and thus a
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calibration 456) can be measured by using a cross-cor-
relation of the audio cue 450 being generated at the me-
dia playback device 112 and its reproduction through the
audio output device 114. If an audio cue 450 other than
a Dirac impulse is used, other techniques besides cross-
correlation may be used. To obtain accurate measure-
ment of the time delay, the audio cue 450 can be a signal
configured not to be distorted so that the waveform of
the audio cue 450 is at least generally maintained and,
thus, the waveform of the reproduction of the audio cue
450 is not significantly different from the original wave-
form of the audio cue 450 on a sample level. In other
embodiments, the audio cue 450 can have other char-
acteristics.
[0164] In some embodiments, which are not claimed,
the audio cue 450 includes a single tone with a single
frequency. In other embodiments, which are not claimed,
the audio cue 450 includes a single complex tone with
multiple frequencies synthesized. In the illustrated exam-
ple of FIG. 5, the audio cue 450 is generated and emitted
once, and recorded. Alternatively, the audio cue 450 in-
cludes a plurality of different tones which are generated
and played at different times. Such an alternative exam-
ple is illustrated and described with reference to FIGS. 6
and 7.
[0165] The audio cue 450 can be of various types. An
example audio cue may be a non-verbal response or a
verbal response. An example non-verbal response may
be selected from a beep, signal, ding, or other similar
sound. An example verbal response can include one or
more words or phrases, or a short sentence.
[0166] In some embodiments, the audio cue 450 can
be branded and configured to project a predetermined
characteristic, instead of using a single or a series of
robotic bleeps and/or bloops. This can improve the user
experience with the calibration mode. Further, where the
calibration process is performed immediately after the
pairing process has been completed, the audio cue 450
can also be used to inform that the pairing has been com-
pleted, as well as to obtain the calibration value 456. This
way, the calibration process can be hidden from the user,
and the user may only think that the pairing process has
been performed and completed. This also enhances the
user experience with the sound system.
[0167] A sound signal that represents the audio cue
450 generated at the sound system 102, such as the
media playback device 112, is illustrated as an audio cue
signal 452. In the illustrated example, the audio cue signal
452 is generated from a first time (t1).
[0168] At operation 434, the sound system 102 oper-
ates to play the audio cue 450. In some embodiments,
the audio output device 114 operates to play the audio
cue 450 that is transmitted from the media playback de-
vice 112. As illustrated in FIG. 1, the audio cue 450 can
be emitted from the speaker 306 of the audio output de-
vice 114.
[0169] At operation 436, the sound system 102 oper-
ates to record sound there around. In some embodi-

ments, the sound system 102 can operate to continuous-
ly record before and after the audio cue 450 is played.
For example, the media playback device 112 operates
to record sound around the media playback device 112
using the sound detection device 162 (e.g., at least one
microphone). In some embodiments, the media playback
device 112 operates to record at least part of the audio
cue 450 being played from the audio output device 114.
For example, the media playback device 112 operates
to record at least the beginning of the audio cue 450 and
continue to record at least part of the audio cue 450 there-
after.
[0170] A sound signal that represents the recording of
the audio cue 450 emitted from the sound system 102,
such as the audio output device 114, is illustrated as a
recording signal 454. In the illustrated example, the
sound system 102 started recording sound before the
first time (t1) and continued to record after the second
time (t2). In this example, the audio cue 450 appears
from a second time (t2).
[0171] At operation 438, the sound system 102 oper-
ates to detect the audio cue 450 in the sound recording
from the operation 436. For example, the sound system
102 analyzes the recording signal 454 and identifies the
audio cue signal 452 in the recording signal 454. In the
illustrated example, the audio cue signal 452 is identified
from the second time (t2) in the recording signal 454.
Various sound analysis techniques can be used to per-
form the operation 438.
[0172] At operation 440, the sound system 102 gener-
ates a calibration value 456 for audio cancellation in the
sound system 102. In some embodiments, the calibration
value 456 can be determined based on a time delay be-
tween the time of the audio cue 450 being generated and
the time of the audio cue 450 being recorded. In the il-
lustrated example, the calibration value 456 can be set
as the time delay (Dt) between the second time (t2) and
the first time (t1). In other embodiments, the calibration
value 456 can consider other factors in addition to the
time delay (Dt). Because the calibration value 456 is de-
termined based on the time delay and does not involve
other sophisticating calculations, the operation 440 is
performed without requiring significant computing power
and/or memory.
[0173] At operation 442, the sound system 102 oper-
ates to store the calibration value 456 to use it in the
audio cancellation operation 406 (FIG. 4). In some em-
bodiments, the media playback device 112 stores the
calibration value 456 therein. The storage of the calibra-
tion value 456 locally in the sound system 102 is advan-
tageous because the sound system 102 can use the cal-
ibration value 456 for subsequent audio cancellation op-
erations repeatedly, without communicating with another
computing device, such as the media delivery system
104, via the network 106. Further, the calibration value
456 can be adapted and adjusted as necessary without
communicating with another computing device, such as
the media delivery system 104, via the network 106.
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[0174] At operation 444, in some embodiments, the
sound system 102 operates to transmit delay data 460
to the media delivery system 104, and the media delivery
system 104 can use the delay data 460 for tracking and
analyzing the performance of audio cancellation in the
sound system 102. Such tracking and analysis of audio
cancellation operation can be used to provide solutions
to improve the audio cancellation operation in the sound
system 102, such as how to adjust the calibration value
456 for the particular sound system 102. In some em-
bodiments, the delay data 460 includes the calibration
value 456 and device information 458. The device infor-
mation 458 can be used to identify the sound system 102
associated with the calibration value 456. The device in-
formation 458 includes information about the sound sys-
tem 102, such as information about at least one of the
media playback device 112 and the audio output device
114. The device information 458 includes at least one of
a brand name, a model name, a version, a serial number,
and any other information associated with the sound sys-
tem 102, such as the media playback device 112 and/or
the audio output device 114.
[0175] FIG. 6 is a flowchart of another method 470 for
performing the calibration operation of FIG. 4. The meth-
od 470 is performed in a similar manner to the method
430 in FIG. 5 except that the audio cue 450 includes a
plurality of different tones, each tone being generated
and played at a different time. As many of the concepts
and features are similar to the embodiment shown in FIG.
5, the description for the embodiment in FIG. 5 is equally
relevant for the corresponding steps of the method 470.
Where like or similar features or elements are shown,
the same reference numbers will be used where possible.
The following description for this embodiment will be lim-
ited primarily to the differences from the embodiment of
FIG. 5.
[0176] The method 470 can begin at operation 472 that
is similar to the operation 432. For example, at the oper-
ation 472, the sound system 102 generates the audio
cue 450 that has a plurality of tones 490, each of which
is generated at a different time. The tones 490 are con-
figured to be distinct. For example, each tone 490 has a
different frequency. Similar to the operation 432, the me-
dia playback device 112 operates to generate the audio
cue 450, and transmit the audio cue 450 to the audio
output device 114 via the wireless communication net-
work 126 (FIG. 1).
[0177] A sound signal that represents the audio cue
450 with the plurality of tones 490 is illustrated as an
audio cue signal 492. In the illustrated example, the audio
cue signal 452 includes three different tones 490A, 490B,
490C (collectively, 490), each generated from different
start times, such as a first start time (t11), a second start
time (t21), and a third start time (t31). In other examples,
a different number of tones 490 can be used for the audio
cue 450.
[0178] The audio cue 450 with a plurality of different
tones emitted at different times may be advantageous

where the audio cue 450 can be sensitive to distortion
when picked up by a microphone of the sound system
102. The approach described in FIG. 6 uses statistical
measurements on a signal (i.e., the audio cue 450) in-
stead of using the signal itself. The approach of this meth-
od allows the measurement of the calibration value to
happen on a very low-powered device. In some embod-
iments, the method can utilize a Goertzel algorithm (as
further described with reference to FIG. 7), which can be
configured to measure the power of a specific frequency
with very little computational complexity.
[0179] In some embodiments, the audio cue 450 is
configured to have a plurality of sine tones for major har-
monic components (e.g., 3 sine tones as shown in FIG.
7), each of which has a strong peak volume at a separate
time. The measurement of each tone involves measuring
the power of its known frequency across time and finding
the peak thereof. As described above, in certain embod-
iments, a Goertzel function can be configured and used
to perform the measurements.
[0180] At operation 474, the sound system 102 oper-
ates to play the audio cue 450, similar to the operation
434. For example, the different tones 490 of the audio
cue 450 are played at different times. As illustrated in
FIG. 1, the audio cue 450 can be emitted from the speaker
306 of the audio output device 114.
[0181] At operation 476, the sound system 102 oper-
ates to record sound there around, similar to the opera-
tion 436. A sound signal that represents the recording of
the audio cue 450 emitted from the sound system 102,
such as the audio output device 114, is illustrated as a
recording signal 494. In the illustrated example, the
sound system 102 started recording sound before the
first start time (t11) and continued to record after the third
start time (t31). In this example, in the recording, the
tones 490 of the audio cue 450 appear from a first detect
time (t12), a second detect time (t22), and a third detect
time (t32), respectively.
[0182] At operation 478, the sound system 102 oper-
ates to detect the audio cue 450 in the sound recording
from the operation 436, similar to the operation 438. In
some embodiments, the sound system 102 analyzes the
recording signal 454 and identifies the audio cue signal
452 in the recording signal 454. In the illustrated example,
the three different tones 490 in the audio cue signal 492
are identified from the first detect time (t12), the second
detect time (t22), and the third detect time (t32), respec-
tively, in the recording signal 494.
[0183] At operation 480, the sound system 102 oper-
ates to determine tone time delays 496 (including 496A,
496B, and 496C) (Dt) for the audio cue 450. For each
tone 490, a time delay (Dt) is calculated from a difference
between the time of the tone 490 being generated and
the time of the tone 490 being recorded. In the illustrated
example, a first time delay (Dt1) for a first tone 490A (i.e.,
a first tone time delay 496A) is a difference (t12-t11) be-
tween the first detect time (t12) and the first start time
(t11). A second time delay (Dt2) for a second tone 490B
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(i.e., a second tone time delay 496B) is a difference (t22-
t21) between the second detect time (t22) and the second
start time (t21). A third time delay (Dt3) for a third tone
490C (i.e., a third tone time delay 496C) is a difference
(t32-t31) between the third detect time (t32) and the third
start time (t31).
[0184] At operation 482, the sound system 102 oper-
ates to generate the calibration value 456 for audio can-
cellation in the sound system 102. The calibration value
456 is determined based at least in part on the tone time
delays 496 (Dtl, Dt2, and Dt3) obtained at the operation
480. In some embodiments, the calibration value 456 can
be determined as an average value (e.g., mean or mean
average) of the tone time delays 496. In other embodi-
ments, other value can be calculated from the tone time
delays 496 and used to determine the calibration value
456. In still other embodiments, the calibration value 456
can consider other factors in addition to the tone time
delays 496.
[0185] In some embodiments, the method 470 can
continue at operations 484 and 486. The operations 484
and 486 are performed similarly to the operations 442
and 444 in FIG. 5, and thus the description thereof is
omitted for brevity purposes.
[0186] FIG. 7 illustrates an example method 500 for
determining the calibration value 456 as shown in FIG.
6 where the audio cue 450 includes a plurality of different
tones 490.
[0187] In some embodiments, the calibration value 456
is calculated using a Goertzel algorithm. The Goertzel
algorithm can perform tone detection using much less
computing power than a Fast Fourier Transform (FFT).
The Goertzel algorithm of the present disclosure can be
configured to calculate the power of a single frequency
bin, as opposed to a plurality of frequencies, and thus
can save computing cycles.
[0188] As applied herein, in embodiments where three
distinct tones 490A, 490B, and 490C (collectively 490)
with different frequencies are used for the audio cue 450,
a time position (e.g., a first time position) of a peak in the
frequency of each tone 490 being generated, and a time
position (e.g., a second time position) of a peak in the
frequency of each tone 490 being recorded, are detected.
Then, a difference between the first time position and the
second time position is determined for each tone 490.
Once the time differences are determined for all the tones
490, an average value of the time differences is calcu-
lated and can then be used for the calibration value 456.
Various types of average values can be used. In some
embodiments, a mean value is used for the average val-
ue. In other embodiments, a median is used for the av-
erage value. In still other embodiments, a mode is used
for the average value.
[0189] In the illustrated example of FIG. 7, the first tone
490A1 being generated has a peak frequency 502A at
time T11, and the first tone 490A2 being recorded has a
peak frequency 504A at time T12. A time difference (Dt1)
between the time position T11 of the peak frequency

502A and the time position T12 of the peak frequency
504A is then calculated as T12-T11. Similarly, the second
tone 490B1 being generated has a peak frequency 504A
at time T21, and the second tone 490B2 being recorded
has a peak frequency 504B at time T22. A time difference
(Dt2) between the time position T21 of the peak frequen-
cy 502B and the time position T22 of the peak frequency
504B is then calculated as T22-T21. Similarly, the third
tone 490C1 being generated has a peak frequency 504C
at time T31, and the third tone 490C2 being recorded
has a peak frequency 504C at time T32. A time difference
(Dt3) between the time position T31 of the peak frequen-
cy 502C and the time position T32 of the peak frequency
504C is then calculated as T32-T31. Then, a mean av-
erage of the time differences (Dtl, Dt2, and Dt3) is calcu-
lated as a time delay (Dt), and can be used as the cali-
bration value 456. In other examples, other types of av-
erage values, such as median or mode, can be calculated
as the time delay (Dt).
[0190] FIG. 8 is a flowchart of an example method 530
for performing the audio cancellation operation 406 of
FIG. 4. In some embodiments, the method 530 is per-
formed by the sound system 102 including the media
playback device 112 and the audio output device 114.
The sound system 102 can execute the method 530 with
or without communicating with at least one other com-
puting device, such as the media delivery system 104.
[0191] In some embodiments, the method 530 can be
performed while the sound system 102 plays media con-
tent, such as while the media playback device 112 trans-
mits media content to the audio output device 114 that
plays the media content (e.g., the media output 124 in
FIG. 1). As described herein, the method 530 is executed
to identify the user’s voice query by canceling the media
content from the audio recorded at the sound system
102. In other embodiments, the method 530 can be used
while there is no media content being played. The method
530 can be similarly applied to cancel ambient sounds
(e.g., noise) from the audio recorded at the sound system
102 and identify the user’s voice query from the audio
recording.
[0192] The method 530 can begin at operation 532 in
which the media playback device 112 operates to trans-
mit a media content item 234 to the audio output device
114 via the wireless communication network 126. The
media content item transmitted to the audio output device
114 can be played at the audio output device 114. In
some embodiments, the media content item 234 can be
selected from one of the media content items that have
been transmitted from the media delivery system 104
and stored in the memory device 150 of the media play-
back device 112. A sound signal that represents the me-
dia content item 234 being generated and transmitted
from the media playback device 112 is illustrated as a
media content signal 550.
[0193] At operation 534, the sound system 102 re-
trieves a reference signal 552 and the calibration value
456. The reference signal 552 can be generated to cancel
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the media content signal 550 from a sound recording at
subsequent process. In some embodiments, the sound
system 102 operates to generate the reference signal
552 based on the media content item 234. In other em-
bodiments, the reference signal 552 is obtained from an-
other computing device, such as the media delivery sys-
tem 104.
[0194] At operation 536, the sound system 102 oper-
ates to generate a recording of a voice query 120 (FIG.
1). In some embodiments, while the media content item
234 is being played from the audio output device 114,
the user U may provide a voice-command, and the media
playback device 112 receives the voice query 120 and
generates the recording of the voice query 120. There-
fore, the recording of the voice query 120 can also include
at least part of the sound of the media content item 234
being currently played around the media playback device
112. In addition or alternatively, when the media playback
device 112 receives the user query 120, other sounds,
such as ambient noise, can also be recorded at the media
playback device 112 and mixed with the user query 120.
A sound signal that represents the recording of the voice
query 120 that is mixed with other sounds (e.g., the media
content item being played and/or ambient sounds)
around the media playback device 112 is illustrated as a
recorded audio signal 554.
[0195] At operation 538, the sound system 102 oper-
ates to process the recorded audio signal 554 to cancel
the media content signal 550 and identify the voice query
120. In some embodiments, the reference signal 552 and
the calibration value 456 are used for the cancellation
process. For example, the reference signal 552 is adjust-
ed by the calibration value 456 to be suitable to cancel
the media content signal 550 from the recorded audio
signal 554. In some embodiments, the reference signal
552 has a time delay (Dt), which is used to cancel the
media content signal 550 out from the recorded audio
signal 554, thereby providing a voice query signal 558
that identifies the voice query 120.
[0196] FIG. 9 is a flowchart of an example method 570
for performing the calibration validation and adaptation
operation 408 of FIG. 4. In some embodiments, the meth-
od 570 is performed by the sound system 102 including
the media playback device 112 and the audio output de-
vice 114. The sound system 102 can execute the method
570 with or without communicating with at least one other
computing device, such as the media delivery system
104.
[0197] The method 570 is performed to validate the
calibration performed by the method 430, 470 while the
sound system 102 is in operation performing the audio
cancellation. The method 570 can be executed to vali-
date the calibration value 456 obtained at the calibration
operation and adjust the calibration value 456 to adapt
the real-time operation of the sound system 102. The
validation and/or adaptation operation herein allows
monitoring any change or adjustment on the wired or
wireless connection between the media playback device

112 and the audio output device 114 during operation,
and automatically incorporating the change or adjust-
ment in the calibration value in real time.
[0198] In some embodiments, the validation and/or ad-
aptation operation herein can be performed while the
sound system 102 is in operation where the sound sys-
tem 102 can play media content. Therefore, the validation
and/or adaptation operation does not need to stop or
pause the normal operation of the sound system 102. In
other embodiments, however, the validation and/or ad-
aptation operation can be performed while media content
playback is stopped or paused.
[0199] The method 570 can begin at operation 572 in
which the sound system 102 runs in its operational mode.
In the operational mode, the sound system 102 can per-
form the audio cancellation by the method 530 as de-
scribed with reference to FIG. 8. In the operational mode,
the sound system 102 stores a current calibration value
602 and uses it for the audio cancellation by the method
530. The current calibration value 602 can be the cali-
bration value 456 if the calibration operation has been
performed and there has been no change to the calibra-
tion value 456.
[0200] At operation 574, the sound system 102 gener-
ates an audio cue 604, similar to the operations 432, 472.
In some embodiments, the media playback device 112
operates to generate the audio cue 604, and transmit the
audio cue 604 to the audio output device 114 via the
wireless communication network 126 (FIG. 1). In some
embodiments, the audio cue 604 is identical to the audio
cue 450 that has been used in the calibration operation.
In other embodiments, the audio cue 604 is different from
the audio cue 450.
[0201] At operation 576, the sound system 102 oper-
ates to play the audio cue 604, similar to the operations
434, 474. In some embodiments, the audio output device
114 operates to play the audio cue 604 that is transmitted
from the media playback device 112. As illustrated in
FIG. 1, the audio cue 604 can be emitted from the speaker
306 of the audio output device 114.
[0202] At operation 578, the sound system 102 oper-
ates to record sound there around, similar to the opera-
tions 436, 476. In some embodiments, the sound system
102 can operate to continuously record before and after
the audio cue 604 is played. For example, the media
playback device 112 operates to record sound around
the media playback device 112 using the sound detection
device 162 (e.g., at least one microphone). In some em-
bodiments, the media playback device 112 operates to
record at least part of the audio cue 604 being played
from the audio output device 114. For example, the media
playback device 112 operates to record at least the be-
ginning of the audio cue 604 and continue to record at
least part of the audio cue 604 thereafter.
[0203] At operation 580, the sound system 102 oper-
ates to detect the audio cue 604 in the sound recording
from the operation 578, similar to the operations 438,
478. For example, similar to the operations 438, 487, the
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sound system 102 analyzes the recording signal and
identifies the audio cue signal in the recording signal.
[0204] At operation 582, the sound system 102 gener-
ates a calibration value 606, similar to the operations
440, 482. In some embodiments, as described herein,
the calibration value 606 can be determined in a way
similar to the calibration value 456. For example, the cal-
ibration value 606 can be determined based on a time
delay between the time of the audio cue 604 being gen-
erated and the time of the audio cue 604 being recorded.
[0205] At operation 584, the sound system 102 oper-
ates to determine a difference between the calibration
value 606 and the current calibration value 602.
[0206] At operation 586, the sound system 102 oper-
ates to determine whether the difference between the
calibration value 606 and the current calibration value
602 falls within a threshold range 608. If the difference
is within the threshold range 608 ("YES"), the method
570 moves on to operation 588 in which the sound system
102 maintains the current calibration value 606. If the
different is not within the threshold range 608 ("NO"), the
method 570 continues at operation 590.
[0207] The threshold range 608 can be determined in
light of a deviation from the calibration value that does
not affect the accuracy and effectiveness of the audio
cancellation operation. In some embodiments, the
threshold range 608 can be +/- 20 milliseconds. In other
embodiments, the threshold range 608 can be between
about +/- 10 milliseconds and about +/- 30 milliseconds.
In yet other embodiments, the threshold range 608 can
be between about +/- 5 milliseconds and about +/- 50
milliseconds. Other ranges can also possible for the
threshold range 608.
[0208] At operation 590, the sound system 102 oper-
ates to update the current calibration value 602 with the
calibration value 606, and save the updated current cal-
ibration value 602.
[0209] At operation 592, in some embodiments, similar
to the operations 444, 486, the sound system 102 oper-
ates to transmit delay data 610 to the media delivery sys-
tem 104, and the media delivery system 104 can use the
delay data 610 for tracking and analyzing the perform-
ance of audio cancellation in the sound system 102. In
some embodiments, the delay data 460 includes the cur-
rent calibration value 602 and the device information 458
as described herein.
[0210] FIG. 10 illustrates an example method 700 for
performing the voice process operation 410 of FIG. 4
based on the identified user query 120. In some embod-
iments, the method 700 can be performed at least par-
tially by the media delivery system 104 (e.g., the voice
interaction server 204, the user command interpretation
server 206, and the media content search server 202).
In addition, the method 700 can be performed at least
partially by the media playback device 112 that operates
to provide an utterance of the user query 120 to the media
delivery system 104 for processing the method 700. Al-
though it is primarily described that the method 700 is

performed by the media delivery system 104, this is for
example purposes only, and other configurations are
possible. For instance, the method 700 can be local and
performed at the media playback device 112 and any
other computing device..
[0211] The method 700 can begin at operation 710, in
which the media delivery system 104 includes receiving
utterance data 712 (e.g., from the media playback device
112). The utterance data 712 is data describing the ut-
terance of the user query 120 (e.g., the utterance 331).
In some embodiments, the utterance data 712 is an audio
recording that contains the utterance being spoken, such
as the voice query signal 558 identified by the audio can-
cellation operation described herein. In some embodi-
ments, the utterance data 712 is received as an entire
audio data file. For instance, the media playback device
112 buffers the utterance data 712 as the utterance data
712 is obtained from the sound detection device 162.
The buffered utterance data 712 is then sent to the media
delivery system 104 for processing. In other instances,
the media playback device 112 streams the utterance
data 712 to the media delivery system 104 in real-time
as the utterance data 712 is received from the sound
detection device 162. In an example, the utterance data
712 is stored (e.g., by the media delivery system 104) in
a data store after the utterance data 712 is received. After
the utterance data 712 is received, the flow moves to
operation 720.
[0212] Operation 720 includes performing automated
speech recognition on the utterance data 712 to obtain
text data 722. In some embodiments, performing auto-
mated speech recognition includes providing the utter-
ance data 712 as input to an automated speech recog-
nition system and receiving the text data 722 as output
from the automated speech recognition system. Auto-
mated speech recognition can be performed using any
of a variety of techniques (e.g., using hidden Markov
models or neural networks). Examples of automated
speech recognition systems include CMU SPHINX,
maintained by CARNEGIE MELLON UNIVERSITY, and
DEEPSPEECH, maintained by the MOZILLA FOUNDA-
TION. After the text data 722 is obtained from the auto-
mated speech recognition system, the flow moves to op-
eration 730.
[0213] Operation 730 includes determining a slot 734
and an intent 732 from the text data 722. The slot 734 is
a key-value pair that describes a portion of the text data
722 having a specific meaning. The intent 732 describes
a general intent of the text data 722. As a particular ex-
ample, if the text data 722 were "play the song Thriller"
as input, the intent 732 is "play" and the slot 734 would
be the key-value pair {song: Thriller}. Although the ex-
ample includes just one slot 734 and one intent 732, the
output of operation 730 can be more than one slot 734
and more than one intent 732. There are also instances,
where there is an intent 732 but no slot 734. For instance,
performing operation 730 where the text data 722 is
"play" would result in the intent 732 being "play", but
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would not result in any slots 734 (e.g., the text data 722
does not include a description of what to play). In such
an example, a request associated with the utterance is
determined to be ambiguous responsive to determining
that there is a play intent without a slot. In other instances,
there are slots 734 but no intent. For instance, performing
operation 730 where the text data 722 is "All Along the
Watchtower by Jimi Hendrix" would result in two slots
734 (e.g., {Song: All Along the Watchtower, Artist: Jimi
Hendrix}) but no intent 732 (e.g., the text data 722 does
not include a description of what to do with the song and
artist, such as search, play, or save).
[0214] In some embodiments, the operation 730 is per-
formed by a natural language understanding model that
is trained to identify the slot 734 and intent 732 for the
text data 722 provided as input. The natural language
understanding model can be implemented in a variety of
ways, including using a state vector machine or a condi-
tional random fields model, among others. With the intent
732 and the slots 734 determined, the flow moves to op-
eration 740.
[0215] Operation 740 includes determining a fulfillment
strategy 742 using the slot 734 and the intent 732. The
fulfillment strategy 742 is a course of action to take which
is typically associated with execution of a command or
service associated with the intent 732. For instance,
where the intent 732 is a play intent, the fulfillment strat-
egy 742 is a play fulfillment strategy and involves the
execution of a play command. In an example, there is a
fulfillment manager and the operation 740 includes the
fulfillment manager selecting the fulfillment strategy 742
from among a plurality of fulfillment strategies. In an ex-
ample, the fulfillment manager follows a decision tree
based the intent 732 and the slot 734. In another exam-
ple, the fulfillment strategy 742 defines requirements
(e.g., a play fulfillment strategy may require a play intent)
and the fulfillment manager selects the fulfillment strat-
egy 742 from among the fulfillment strategies based on
requirements being met or unmet. In an example, the
fulfillment strategy 742 is a disambiguation fulfillment
strategy, such as one that causes execution of a disam-
biguation process. Once the fulfillment strategy 742 is
selected, the flow moves to operation 750.
[0216] At operation 750, the fulfillment strategy 742 is
performed. For example, where the fulfillment strategy
742 is a play fulfillment strategy 742, a media content
item associated the slot 734 is selected and playback of
the media content item is initiated. In another example,
the fulfillment strategy 742 is a list playlists strategy that
involves selecting one or more playlists and providing
the list as output.
[0217] Referring again to FIG. 6, the sound system 102
can generate an audio cue 450, in step 472. The audio
cue 450 can have a different signal configuration than
that of the plurality of tones 490 previously described.
The different audio cue 450 can include a signal 1102
that may be as shown in FIGS. 11 through 14. The signal
1102 can include a unique set of characteristics making

the signal 1102 easier to identify when used in the method
470 of FIG. 6. These characteristics will be described
hereinafter in conjunction with FIGS. 11 and 13.
[0218] The signal 1102, as shown in FIGS. 11 and 12,
can include a root mean square (RMS) value higher than
the background noise and a large crest factor, which is
a large difference 1216 between the RMS 1204 and the
peak signal power 1212. As understood by one skilled in
the art, the RMS 1204 is equal to the value of the direct-
current that would produce the same average power dis-
sipation in some type of resistive load. In other words,
the RMS 1204 is an estimation of the average power
output of the signal. The signal 1102 can have a high
RMS value 1204 meaning that the power in the signal is
greater than other signals, for example, the audio signals
generated in the background, for example, the RMS of
background noise that may be at level 1206. Thus, the
RMS 1204 of the signal 1102 is higher than the RMS
1206 of the background noise.
[0219] Background noise may generally be any sound
or audio signal that emanates from or is generated by a
source different from the sound system. The background
noise can include sound that may emanate from a motor
vehicle or noises associated with the operation of a motor
vehicle, for example, engine noise, wind noise, traffic
noise. In other environments, the background noise may
be associated with a room or building where the sound
system is located and may be associated with the sound
of a person talking, background music, sound of a tele-
vision, or other ambient noises in the environment, for
example, nature sounds (e.g., wind, birds, etc.), urban
environment noises (e.g., construction noises, sirens,
etc.), mechanical noises (e.g., electrical humming,
sounds from an appliance, buzzing from lights, etc.),
white noise, or other noise.
[0220] The signal 1102 used as an audio cue 450 can
also include a strong attack. The attack of the signal is
the relative slope of the line from the signal beginning to
the point at which the signal reaches the RMS value 1204
or peak signal power. The strong attack of signal 1102
is represented by line 1208. A more vertical line 1208
represents a stronger attack. In other words, the rising
edge of the transition from the low value of the signal (or
start of the signal) to the high value of the signal happens
within a small period of time, for example, within millisec-
onds, for example 1 to 100 milliseconds. In some config-
urations, the attack characteristic or the slope of the rising
edge of the signal 1102 can be in the range of picosec-
onds or microseconds.
[0221] FIG. 13 shows a representation of the numer-
ous different frequencies that may be part of the signal
1102. The chart provides for the different frequencies on
the vertical axis. The horizontal axis provides for the time
during playback. As shown in the chart 1300 of FIG. 13,
the signal 1102 can contain two or more different fre-
quencies, which, for example, can include any frequency
below line 1312 at any time during the playback of signal
1102. The area under the line 1312 represents the fre-
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quencies contained within signal 1102 during playback.
Thus, the higher the value of line 1312, the more frequen-
cies that are in the signal at that time. As such, signal
1102 can include two or more or a plurality of frequencies
during playback. In some configurations, the signal 1102
does not include any harmonics. Further, the signal 1102
can include the two or more frequencies during any por-
tion of the time required for signal playback. In at least
some configurations, the signal 1102 may be a strike to
or the sound emanating from a snare drum.
[0222] The signal 1102 is configured to be distinct. For
example, each signal 1102 may have a plurality of fre-
quencies. Similar to the operation 432, the media play-
back device 112 operates to generate the audio cue 450,
and transmit the audio cue 450 to the audio output device
114 via the wireless communication network 126 (FIG. 1).
[0223] The sound signal 1402, which represents the
audio cue 450, includes a plurality (two or more) of signals
1102, as is illustrated as audio cue signal 1402 in FIG.
14. In the illustrated example, the audio cue signal 1402
includes three different signals 1102A, 1102B, 1102C
(collectively, 1402), each generated at different start
times. For example, as shown in FIG. 11, signal 1102A
has a first start time (t11), signal 1102B has a second
start time (t21), and signal 1102C has a third start time
(t31). In other examples, a different number of signals
1102 can be used for the audio cue 450.
[0224] The audio cue 450 with a plurality of different
signals 1102 that emitted at different times may be ad-
vantageous where the audio cue 450 can be sensitive to
distortion when picked up by a microphone of the sound
system 102. The approach described in FIG. 6 uses sta-
tistical measurements on a signal (i.e., the audio cue 450)
instead of using the signal itself. The approach of this
method allows the measurement of the RMS-to-peak ra-
tio of the signal 1102 to happen on a very low-powered
device. In some embodiments, the method can utilize a
Goertzel algorithm (as described in conjunction with FIG.
7), which can be configured to measure the maximum
signal power with very little computational complexity.
[0225] In some embodiments, the RMS is determined
through a converter, e.g., a digital RMS converter. The
peak signal power may be as the maximum absolute val-
ue of the signal. These two measurements may then be
compared to determine a RMS-to-peak ratio. If the RMS-
to-peak ratio is over some predetermined threshold, e.g.,
30 dB, the signal is deemed to be received. The signal
1102 may achieve the RMS-to-peak ratio at some period
of time after the start of the signal 1102 before the signal
1102 is deemed received. However, with a strong attack,
this period of time before signal reception is determined
is small, e.g., within picoseconds or microseconds of the
signal start, and does not substantially affect the calcu-
lation of the time delay.
[0226] At operation 474, the sound system 102 oper-
ates to play the audio cue 450, similar to the operation
434. For example, the different signals 1102A, 1102B,
1102C of the audio cue 450 (1402) are played at different

times. The audio cue 450 can be emitted from the speak-
er 306 of the audio output device 114 (see Figs. 2 and 3).
[0227] At operation 476, the sound system 102 oper-
ates to record sound there around, similar to the opera-
tion 436. The sound signals that represent the recordings
of the audio cue 450 emitted from the sound system 102,
such as the audio output device 114, are each illustrated
as a recording signal 1108A, 1108B, and 1108C. In the
illustrated example, the sound system 102 started re-
cording sound before the first start time (t11) and contin-
ued to record after the third start time (t31). In this exam-
ple, in the recording, the signals 1102A, 1102B, 1102C
of the audio cue 450 appear from a first detect time (t12),
a second detect time (t22), and a third detect time (t32),
respectively.
[0228] At operation 478, the sound system 102 oper-
ates to detect the audio cue 450 in the sound recording
from the operation 436, similar to the operation 438. An
example method 1500 for detecting the audio cue 450
may be as shown in FIG. 15. In some embodiments, the
sound system 102 analyzes the recording signal 454 and
identifies the audio cue signal 1402 in the recording signal
454. In the illustrated example, the three different signals
1102A, 1102B, 1102C in the audio cue signal 1402 are
identified from the first detect time (t12), the second de-
tect time (t22), and the third detect time (t32), respective-
ly, in the recording signals 1108A, 1108B, and 1108C.
[0229] The detection of the signals 1102 involves the
sound system 102 entering a peak detection mode for
the calibration procedure. At least during the peak de-
tection mode, the recorded signal is converted from an
analog signal to a digital signal, although this conversion
is not required as the processes hereinafter may be ac-
complished with the analog signal. The trigger for detect-
ing the signal 1108 occurs when a signal 1102 is detected
that has a RMS-to-peak amplitude ratio greater than
some predetermined threshold, e.g. 30dB. Thus, the
RMS 1204 is measured or calculated, in step 1502. Thus,
the recorded signal is parsed into predetermined and re-
peated time periods, for example, 10ms, which will be
used hereinafter for explanation purposes. However, the
length of the time period is not limited to 10ms but may
be an amount of time. The recorded signal, during these
time periods, is then sampled and converted from analog
to digital to generate a series of samples, each sample
having a value. Any negative values in the samples may
be multiplied by -1. Then, the RMS can be determined
during the 10ms time period. To determine the RMS, eve-
ry value during the 10ms time period is squared, all the
squared values are added, this sum is divided by the
number of samples, and the square root of the quotient
is taken to generate the RMS. In other words, the RMS,
for n samples, is generated by the following formula: 

43 44 



EP 3 644 315 B1

24

5

10

15

20

25

30

35

40

45

50

55

[0230] The system 102 may then determine the peak
signal amplitude, in step 1504. The peak amplitude may
also be determined for the signal as the highest amplitude
of the signal between during the 10ms period. Generally,
the peak signal amplitude 1212 is the absolute maximum
value in the series of samples during the 10ms period.
Thus, the greatest value of a sample during the 10ms is
the signal peak.
[0231] An RMS-to-peak-signal ratio may then be gen-
erated or determined, in step 1506. The RMS-to-peak-
signal ratio is a mathematical construction based on the
values determined above where the peak signal ampli-
tude in dBs is divided by the RMS in dBs. Generally, the
RMS-to-peak-signal ratio is also provided in decibels
(dBs). This RMS-to-peak-signal ratio may represent the
difference 1216 shown in FIG. 12.
[0232] The RMS-to-peak-signal ratio can then be com-
pared to a predetermined threshold, in step 1508. The
RMS-to-peak-signal ratio for signal 1108 used in the
method 1500 is generally greater than a threshold during
the signal’s playback. For example, the difference is large
enough that the detector recognizes the signal 1108. This
RMS-to-peak ratio of the signal 1108 is such that the
signal can be detected over background noise. For ex-
ample, sounds such as rumbles, home noises, most
speech, engine noises, etc., generally do not trigger the
detector because these signals do not have a RMS-to-
peak ratio over the threshold. However, the impulse
sounds such as high amplitude clicks, snare drum sam-
ples, etc. will trigger the detector. In at least some con-
figurations, the threshold is 30 dBs, although other
thresholds are possible.
[0233] If the RMS-to-peak-signal ratio is greater than
the predetermined threshold, the system 102 determines
that the signal 1108 is received, in step 1510. The time
of the peak signal may be recognized as the time in which
the signal 1108 is received. As explained above, the re-
corded sounds including the audio cue 1108 can be sep-
arated into 10ms time periods. The first 10ms period
where the RMS-to-peak-signal ratio meets the predeter-
mined threshold may be considered the moment or time
when the audio cue 1108 is received. As each sample
has a corresponding time stamp, the system 102 can
extract the time stamp for the first sample with the RMS-
to-peak-signal ratio that meets the predetermined thresh-
old and use that time stamp for the calculations of the
delay. As the above time stamp is likely to occur in the
first 10ms time period, any delay between the actual start
of the signal and the peak signal amplitude in the first
10ms time period is small or negligible, for example, less
than 10ms, which has little effect on the computation of
the time delay. In some circumstances, the signal 1108
can be evaluated to determine when the signal 1108
started. Thus, the system 102 can determine the signal
1108 is received and then determine when the strong
attack portion 1208 of the signal 1108 occurred, and set
that time as the signal start. In other circumstances, the
system 100 has prior knowledge of the signal 1108 and

can decide a different characteristic in the signal to use
for measuring the time delay, for example, the signal’s
overall peak, which can occur in a time period after the
first time period, for example, the fourth 10ms time period.
Thus, any portion or part of the signal may be used for
detection and to determine the time delay.
[0234] As applied herein, the three signals 1102A,
1102B, and 1102C (collectively 1402), each with a plu-
rality of frequencies, a high RMS, and a strong attack of
the signal’s leading edge are used for the audio cue 450.
The time delay is measured between a time position (e.g.,
a first time position) of the signal 1102 being generated,
and a time position (e.g., a second time position) of when
an RMS-to-peak ratio of the signal 1108 crosses over a
predetermined threshold. The difference between the
first time position and the second time position is deter-
mined for each signal 1102. Once the time differences
are determined for all the signals 1102A-C, an average
value of the time differences is calculated and can then
be used for the calibration value 456. Various types of
average values can be used. In some embodiments, a
mean value is used for the average value. In other em-
bodiments, a median is used for the average value. In
still other embodiments, a mode is used for the average
value.
[0235] In the illustrated example of FIGS. 11 and 12,
the first signal 1102A is generated at T11 and is being
generated with a peak signal amplitude (maximum signal
power) 1212 that has a RMS-to-peak ratio, when com-
pared to the signal’s RMS value 1204, over the prede-
termined threshold, e.g., 30 dB. Likewise, when received,
the first signal 1108A being recorded also has a RMS-
to-peak ratio (representing the difference between 1204
and 1212) above a threshold when received at time T12.
A time difference (Dt1) between the time position T11
and the time position T12 of the signal 1102A is then
calculated as T12-T11. Similarly, the second signal
1102B is generated at time T21, and the second signal
1108B being recorded has a RMS-to-peak ratio above
the threshold for signal 1108B, at time T22. A time dif-
ference (Dt2) between the time position T21 and the time
position T22 is then calculated as T22-T21. Similarly, the
third signal 1102C is generated at time T31, and the third
signal 1108C being recorded has a RMS-to-peak ratio
above the threshold for signal 1108C, at time T32. A time
difference (Dt3) between the time position T31 and the
time position T32 is then calculated as T32-T31. Then,
a mean average of the time differences (Dtl, Dt2, and
Dt3) is calculated as a time delay (Dt), and can be used
as the calibration value 456. In other examples, other
types of average values, such as median or mode, can
be calculated as the time delay (Dt).
[0236] The rest of the method described in conjunction
with FIG. 6 is then completed as previously described.
[0237] The various examples and teachings described
above are provided by way of illustration only and should
not be construed to limit the scope of the present disclo-
sure. Those skilled in the art will readily recognize various
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modifications and changes that may be made without
following the examples and applications illustrated and
described herein.

Claims

1. A method of audio cancellation comprising:

generating an audio cue (450) comprising a plu-
rality of distinct signals each generated at a dif-
ferent time;
playing the audio cue (450) through a sound sys-
tem (102) in a sound environment, wherein the
audio cue (450) is detectable over background
noise in the sound environment, and each signal
in the audio cue (450) is played at a different
time;
generating a recording of sound using a micro-
phone (162), the recording of sound including
the audio cue (450);
detecting the audio cue (450) in the recording
over the background noise in the sound envi-
ronment;
determining a plurality of time delays by deter-
mining a time delay between the generation of
each signal of the audio cue (450) and the time
that the respective signal of the audio cue (450)
was recorded in the recording;
determining a calibration value (456) based on
the plurality of time delays using statistical
measurements on the audio cue (450); and
using the calibration value (456) to cancel audio
from subsequent recordings.

2. The method of claim 1, wherein each signal in the
audio cue (450) has a first root mean square, RMS,
higher than a second RMS associated with the back-
ground noise.

3. The method of claim 1 or 2, wherein each signal in
the audio cue (450) comprises two or more frequen-
cies.

4. The method of any of the preceding claims, wherein
each signal in the audio cue (450) emanates from a
snare drum.

5. The method of any of claims 1-4, wherein the back-
ground noise is a person talking.

6. The method of any of claims 1-4, wherein the back-
ground noise is associated with an operation of a
motor vehicle or a room or building where the sound
system is located.

7. The method of any of claims 1-4, wherein the back-
ground noise emanates from an engine, a home ap-

pliance, a television, animal noises, wind noise, or
traffic.

8. The method of any preceding claim, wherein the time
that each signal in the audio cue (450) is detected
in the recording occurs when a respective RMS-to-
peak ratio reaches or crosses a predetermined
threshold.

9. The method of claim 8, wherein the predetermined
threshold is 30 dB.

10. The method of claim 9, wherein determining the cal-
ibration value (456) further comprises averaging the
time delays associated with the plurality of signals.

11. The method of any preceding claim, wherein using
statistical measurements on the audio cue (450)
comprises using a Goertzel algorithm.

12. A media playback system (100) comprising:

a sound system (102) including a media play-
back device (112) and an audio output device
(114), the media playback device (112) operable
to generate a media content signal (550), and
the audio output device (114) configured to play
media content using the media content signal
(550); and
wherein the sound system (102) is configured to:

generate an audio cue (450) comprising a
plurality of distinct signals, each generated
at a different time, using the media playback
device (112);
transmit the audio cue (450) to the audio
output device (114);
play the audio cue (450) through the audio
output device (114), wherein each signal in
the audio cue (450) is played at a different
time;
generate a recording of sound using the me-
dia playback device (112), the recording of
sound including the audio cue (450);
determining a plurality of time delays by de-
termining a time delay between the gener-
ation of each signal in the audio cue (450)
and the time that the respective signal of
the audio cue (450) was recorded in the re-
cording;
determine a calibration value (456) based
on the time delays using statistical meas-
urements on the audio cue (450); and
use the calibration value (456) to cancel au-
dio from subsequent recordings.

13. The media playback system (100) of claim 12,
wherein the media playback device (112) is paired
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with the audio output device (114) via a wireless com-
munication network (126), such as BLUETOOTH®.

14. The media playback system (100) of claim 12 or 13,
wherein the sound system (102) is configured to:

generate a second audio cue (450) and playing
the second audio cue (450) through the sound
system (102);
generate a recording of sound using the micro-
phone (162), the recording of sound including
the second audio cue (450);
detect the second audio cue (450) in the record-
ing by determining that a second RMS-to-peak
ratio of the second audio cue (450) reaches or
crosses the threshold;
determine a time delay between the generation
of the second audio cue (450) and the time that
the second audio cue (450) was recorded in the
recording;
determine a second calibration value (456)
based on the determined time delay between
the generation of the second audio cue (450)
and the time that the second audio cue (450)
was recorded in the recording;
determine a difference between the first calibra-
tion value (456) and the second calibration value
(456);
determine whether the difference is within a
threshold range (608);
upon determining that the difference is within
the threshold range (608), maintain the first cal-
ibration value (456); and
upon determining that the difference is not within
the threshold range (608), store the second cal-
ibration value (456), and use the second cali-
bration value (456) to cancel audio from subse-
quent recordings.

15. The media playback system (100) of any of claims
12 to 14, wherein using statistical measurements on
the audio cue (450) comprises using a Goertzel al-
gorithm.

Patentansprüche

1. Verfahren zur Audiounterdrückung, das Folgendes
umfasst:

Erzeugen eines Audioauslösezeichens (450),
das mehrere verschiedene Signale umfasst, die
jeweils zu unterschiedlichen Zeiten erzeugt wer-
den;
Abspielen des Audioauslösezeichens (450)
durch ein Soundsystem (102) in einer Tonum-
gebung, wobei das Audioauslösezeichen (450)
über dem Hintergrundgeräusch in der Tonum-

gebung detektiert werden kann, und jedes Sig-
nal in dem Audioauslösezeichen (450) zu einer
anderen Zeit abgespielt wird;
Erzeugen einer Aufnahme eines Tons unter
Verwendung eines Mikrophons (162), wobei
das Aufnehmen des Tons das Audioauslösezei-
chen (450) enthält;
Detektieren des Audioauslösezeichens (450) in
der Aufnahme über dem Hintergrundgeräusch
in der Tonumgebung;
Bestimmen mehrerer Zeitverzögerungen durch
Bestimmen einer Zeitverzögerung zwischen der
Erzeugung jedes Signals des Audioauslösezei-
chens (450) und der Zeit, zu der das entspre-
chende Signal des Audioauslösezeichens (450)
in der Aufnahme aufgenommen worden ist;
Bestimmen eines Kalibrierwerts (456) basie-
rend auf den mehreren Zeitverzögerungen unter
Verwendung von statistischen Messungen auf
dem Audioauslösezeichen (450); und
Verwenden des Kalibrierwerts (456), um Audio
aus den folgenden Aufnahmen zu unterdrücken.

2. Verfahren nach Anspruch 1, wobei jedes Signal in
dem Audioauslösezeichen (450) einen ersten qua-
dratischen Mittelwert, RMS, aufweist, der größer ist
als ein zweiter RMS, der dem Hintergrundgeräusch
zugeordnet ist.

3. Verfahren nach Anspruch 1 oder 2, wobei jedes Si-
gnal in dem Audioauslösezeichen (450) zwei oder
mehr Frequenzen umfasst.

4. Verfahren nach einem der vorhergehenden Ansprü-
che, wobei jedes Signal in dem Audioauslösezei-
chen (450) einer Snare-Trommel entspringt.

5. Verfahren nach einem der Ansprüche 1-4, wobei das
Hintergrundgeräusch einer sprechenden Person
entspricht.

6. Verfahren nach einem der Ansprüche 1-4, wobei das
Hintergrundgeräusch einem Betrieb eines Kraftfahr-
zeugs oder einem Raum oder Gebäude, in dem sich
das Soundsystem befindet, zugeordnet ist.

7. Verfahren nach einem der Ansprüche 1-4, wobei das
Hintergrundgeräusch einer Kraftmaschine, einem
Haushaltsgerät, einem Fernseher, Tiergeräuschen,
Windgeräuschen oder Verkehr entspringt.

8. Verfahren nach einem vorhergehenden Anspruch,
wobei die Zeit, zu der jedes Signal in dem Audioaus-
lösezeichen (450) in der Aufnahme detektiert wird,
auftritt, wenn ein entsprechendes RMS-zu-Spitze-
Verhältnis einen vorbestimmten Schwellenwert er-
reicht oder überquert.
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9. Verfahren nach Anspruch 8, wobei der vorbestimmte
Schwellenwert 30 dB ist.

10. Verfahren nach Anspruch 9, wobei das Bestimmen
des Kalibrierwertes (456) ferner das Mitteln der Zeit-
verzögerungen, die den mehreren Signalen zuge-
ordnet sind, umfasst.

11. Verfahren nach einem vorhergehenden Anspruch,
wobei das Verwenden von statistischen Messungen
auf dem Audioauslösezeichen (450) das Verwenden
eines Goertzel-Algorithmus umfasst.

12. Medienwiedergabesystem (100), das Folgendes
umfasst:

ein Soundsystem (102), das eine Medienwie-
dergabevorrichtung (112) und eine Audioaus-
gabevorrichtung (114) enthält, wobei die Medi-
enwiedergabevorrichtung (112) betrieben wer-
den kann, um ein Medieninhaltssignal (550) zu
erzeugen, und die Audioausgabevorrichtung
(114) konfiguriert ist, Medieninhalt unter Ver-
wendung des Medieninhaltssignals (550) abzu-
spielen; und
wobei das Soundsystem (102) konfiguriert ist:

unter Verwendung der Medienwiedergabe-
vorrichtung (112) ein Audioauslösezeichen
(450) zu erzeugen, das mehrere verschie-
dene Signale umfasst, die jeweils zu einer
unterschiedlichen Zeit erzeugt worden sind;
das Audioauslösezeichen (450) zu der Au-
dioausgabevorrichtung (114) zu übertra-
gen;
das Audioauslösezeichen (450) durch die
Audioausgabevorrichtung (114) abzuspie-
len, wobei jedes Signal in dem Audioauslö-
sezeichen (450) zu einer anderen Zeit ab-
gespielt wird;
eine Aufnahme des Tons unter Verwen-
dung der Medienwiedergabevorrichtung
(112) zu erzeugen, wobei das Aufnehmen
des Tons das Audioauslösezeichen (450)
enthält;
mehrere Zeitverzögerungen durch das Be-
stimmen einer Zeitverzögerung zwischen
der Erzeugung jedes Signals in dem Audi-
oauslösezeichen (450) und der Zeit, zu der
das entsprechende Signal des Audioauslö-
sezeichens (450) in der Aufnahme aufge-
nommen worden ist, zu bestimmen;
einen Kalibrierwert (456) basierend auf den
Zeitverzögerungen unter Verwendung sta-
tistischer Messungen auf dem Audioauslö-
sezeichen (450) zu bestimmen; und
den Kalibrierwert (456) zu verwenden, um
Audio aus den folgenden Aufnahmen zu un-

terdrücken.

13. Medienwiedergabesystem (100) nach Anspruch 12,
wobei die Medienwiedergabevorrichtung (112) mit
der Audioausgabevorrichtung (114) über ein draht-
loses Kommunikationsnetz (126), wie beispielswei-
se BLUETOOTH®, gekoppelt ist.

14. Medienwiedergabesystem (100) nach Anspruch 12
oder 13, wobei das Soundsystem (102) konfiguriert
ist,

ein zweites Audioauslösezeichen (450) zu er-
zeugen und das zweite Audioauslösezeichen
(450) durch das Soundsystem (102) abzuspie-
len;
eine Tonaufnahme unter Verwendung des Mi-
krophons (162) zu erzeugen, wobei die Tonauf-
nahme das zweite Audioauslösezeichen (450)
enthält;
das zweite Audioauslösezeichen (450) in der
Aufnahme durch Bestimmen, dass ein zweites
RMS-zu-Spitze-Verhältnis des zweiten Audio-
auslösezeichens (450) den Schwellenwert er-
reicht oder überquert, zu detektieren;
eine Zeitverzögerung zwischen der Erzeugung
des zweiten Audioauslösezeichens (450) und
der Zeit, zu der das zweite Audioauslösezeichen
(450) in der Aufnahme aufgenommen worden
ist, zu bestimmen;
einen zweiten Kalibrierwert (456) basierend auf
der bestimmten Zeitverzögerung zwischen der
Erzeugung des zweiten Audioauslösezeichens
(450) und der Zeit, zu der das zweite Audioaus-
lösezeichen (450) in der Aufnahme aufgenom-
men worden ist, zu bestimmen;
eine Differenz zwischen dem ersten Kalibrier-
wert (456) und dem zweiten Kalibrierwert (456)
zu bestimmen;
zu bestimmen, ob die Differenz in einem
Schwellenwertbereich (608) liegt;
bei der Bestimmung, dass die Differenz in dem
Schwellenwertbereich (608) liegt, den ersten
Kalibrierwert (456) beizubehalten; und
bei der Bestimmung, dass die Differenz nicht in
einem Schwellenwertbereich (608) liegt, den
zweiten Kalibrierwert (456) zu speichern und
den zweiten Kalibrierwert (456) zu verwenden,
um Audio von den folgenden Aufnahmen zu un-
terdrücken.

15. Medienwiedergabesystem (100) nach einem der An-
sprüche 12 bis 14, wobei das Verwenden statisti-
scher Messungen auf dem Audioauslösezeichen
(450) das Verwenden eines Goertzel-Algorithmus
umfasst.
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Revendications

1. Procédé d’annulation de contenu audio
comprenant :

la génération d’un repère audio (450) compre-
nant une pluralité de signaux distincts générés
chacun à un instant différent ;
la lecture du repère audio (450) par le biais d’un
système sonore (102) dans un environnement
sonore, dans lequel le repère audio (450) peut
être détecté au-dessus d’un bruit de fond dans
l’environnement sonore, et chaque signal dans
le repère audio (450) est lu à un instant différent ;
la génération d’un enregistrement de son en uti-
lisant un microphone (162), l’enregistrement de
son incluant le repère audio (450) ;
la détection du repère audio (450) dans l’enre-
gistrement au-dessus du bruit de fond dans l’en-
vironnement sonore ;
la détermination d’une pluralité de retards tem-
porels par la détermination d’un retard temporel
entre la génération de chaque signal du repère
audio (450) et l’instant auquel le signal respectif
du repère audio (450) a été enregistré dans
l’enregistrement ;
la détermination une valeur d’étalonnage (456)
sur la base de la pluralité de retards temporels
en utilisant des mesures statistiques sur le re-
père audio (450) ; et
l’utilisation de la valeur d’étalonnage (456) pour
annuler le contenu audio d’enregistrements
subséquents.

2. Procédé selon la revendication 1, dans lequel cha-
que signal dans le repère audio (450) a une première
valeur efficace, RMS, plus grande qu’une seconde
valeur efficace associée au bruit de fond.

3. Procédé selon la revendication 1 ou 2, dans lequel
chaque signal dans le repère audio (450) comprend
deux fréquences ou plus.

4. Procédé selon l’une quelconque des revendications
précédentes, dans lequel chaque signal dans le re-
père audio (450) émane d’une caisse claire.

5. Procédé selon l’une quelconque des revendications
1 à 4, dans lequel le bruit de fond est une personne
qui est en train de parler.

6. Procédé selon l’une quelconque des revendications
1 à 4, dans lequel le bruit de fond est associé à un
fonctionnement d’un véhicule à moteur ou à une piè-
ce ou à un immeuble où le système sonore est situé.

7. Procédé selon l’une quelconque des revendications
1 à 4, dans lequel le bruit de fond émane d’un moteur,

d’un appareil ménager, d’un téléviseur, de bruits
émis par des animaux, de bruits dus au vent ou de
la circulation routière.

8. Procédé selon l’une quelconque des revendications
précédentes, dans lequel l’instant auquel chaque si-
gnal dans le repère audio (450) est détecté dans
l’enregistrement survient lorsqu’un rapport valeur ef-
ficace sur valeur crête atteint ou traverse un seuil
prédéterminé.

9. Procédé selon la revendication 8, dans lequel le seuil
prédéterminé est 30 dB.

10. Procédé selon la revendication 9, dans lequel la dé-
termination de la valeur d’étalonnage (456) com-
prend en outre
le calcul de la moyenne des retards temporels as-
sociés à la pluralité de signaux.

11. Procédé selon l’une quelconque des revendications
précédentes, dans lequel l’utilisation de mesures
statistiques sur le repère audio (450) comprend un
algorithme de Goertzel.

12. Système de lecture multimédia (100) comprenant :

un système sonore (102) incluant un dispositif
de lecture multimédia (112) et un dispositif de
sortie audio (114), le dispositif de lecture multi-
média (112) étant utilisable pour générer un si-
gnal de contenu multimédia (550), et le dispositif
de sortie audio (114) étant configuré pour lire le
contenu multimédia en utilisant le signal de con-
tenu multimédia (550) ; et
dans lequel le système sonore (102) est confi-
guré pour :

générer un repère audio (450) comprenant
une pluralité de signaux distincts, chaque
signal étant généré à un instant différent,
en utilisant le dispositif de lecture multimé-
dia (112) ;
transmettre le repère audio (450) au dispo-
sitif de sortie audio (114) ;
lire le repère audio (450) par le biais du dis-
positif de sortie audio (114), dans lequel
chaque signal dans le repère audio (450)
est lu à un instant différent ;
générer un enregistrement de son en utili-
sant le dispositif de lecture multimédia
(112), l’enregistrement de son incluant le re-
père audio (450) ;
déterminer une pluralité de retards tempo-
rels par la détermination d’un retard tempo-
rel entre la génération de chaque signal
dans le repère audio (450) et l’instant
auquel le signal respectif du repère audio
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(450) a été enregistré dans
l’enregistrement ;
déterminer une valeur d’étalonnage (456)
sur la base des retards temporels en utili-
sant des mesures statistiques sur le repère
audio (450) ; et
utiliser la valeur d’étalonnage (456) pour an-
nuler un contenu audio d’enregistrements
subséquents.

13. Système de lecture multimédia (100) selon la reven-
dication 12, dans lequel le dispositif de lecture mul-
timédia (112) est apparié avec le dispositif de sortie
audio (114) via un réseau de communication sans
fil (126), tel que BLUETOOTH®.

14. Système de lecture multimédia (100) selon la reven-
dication 12 ou 13, dans lequel le système sonore
(102) est configuré pour :

générer un second repère audio (450) et lire le
second repère audio (450) par le biais du sys-
tème sonore (102) ;
générer un enregistrement de son en utilisant le
microphone (162), l’enregistrement de son in-
cluant le second repère audio (450) ;
détecter le second repère audio (450) dans l’en-
registrement en déterminant qu’un second rap-
port valeur efficace sur valeur crête du second
repère audio (450) atteint ou traverse le seuil ;
déterminer un retard temporel entre la généra-
tion du second repère audio (450) et l’instant
auquel le second repère audio (450) a été en-
registré dans l’enregistrement ;
déterminer une seconde valeur d’étalonnage
(456) sur la base du retard temporel déterminé
entre la génération du second repère audio
(450) et l’instant auquel le second repère audio
(450) a été enregistré dans l’enregistrement ;
déterminer une différence entre la première va-
leur d’étalonnage (456) et la seconde valeur
d’étalonnage (456) ;
déterminer si la différence est à l’intérieur d’une
plage de seuils (608) ;
lorsqu’il est déterminé que la différence est à
l’intérieur de la plage de seuils (608), conserver
la première valeur d’étalonnage (456) ; et
lorsqu’il est déterminé que la différence n’est
pas à l’intérieur de la plage de seuils (608), stoc-
ker la seconde valeur d’étalonnage (456) et uti-
liser la seconde valeur d’étalonnage (456) pour
annuler un contenu audio d’enregistrements
subséquents.

15. Système de lecture multimédia (100) selon l’une
quelconque des revendications 12 à 14, dans lequel
l’utilisation de mesures statistiques sur le repère
audio (450) comprend l’utilisation d’un algorithme de

Goertzel.
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